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NOTICE 
OF 
LOS ANGELES MEETING 


HE FOURTH SEMIANNUAL MEETING of the 

Acoustical Society of America will be held 
at the University of California at Los Angeles 
on December 12th and 13th, 1930. This is to be 
a joint meeting with the American Physical 
Society. 


Dr. Paul E. Sabine is in charge of the program 
and arrangements completed to date indicate that 
the meeting will be a very interesting one. The 
two main subjects for discussion will be the 
acoustics of recording and reproduction of talking 
motion pictures and sound signaling. In addi- 
tion it is expected that there will be the usual 
number of papers on other subjects. Those wish- 
ing to contribute papers should communicate with 
Dr. Sabine immediately. 


{The Committee on arrangements, of which Pro- 
fessor Vern O. Knudsen is chairman, has re- 
ported that several interesting visits to the talk- 
ing picture studios are being arranged. 


‘The printed program containing full information 
about the meeting will be mailed to all members 
as far in advance of the meeting as possible. At 
that time further information regarding hotel 
accommodations, transportation, etc. will also be 
furnished. 
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THEORY OF THE ELECTROSTATIC 
LOUD SPEAKER 


By C. R. HANNA 


Westinghouse Electric & Manufacturing Co. 


ABSTRACT 


In the electromagnetic driver the force per unit current has been shown to be a function 
of the inductance and the negative stiffness resulting from the presence of the steady magntic 
field. In this paper it is proven that the force per unit voltage in the electrostatic device is a 
similar function of the capacity and the negative stiffness due to the steady electrostatic 
field. 


A new concept called Motional Admittance is introduced for the electrostatic loud speaker 
and this is shown to be similar in its mathematical form to the Motional Impedance of the 
electromagnetic driver. 


A calculation of the ultimate theoretical efficiency that may be obtained with an electro- 
static speaker having a pure resistance radiator and covering a given frequency rangeis given. 
It appears that efficiencies between 5 and 10% may some day be obtainable with good fidelity 
of reproduction. 


In hornless loud speakers, diaphragms of considerable area are 
required in order to radiate sufficient sound for loud-speaking purposes. 
In such devices it is desirable to obtain a driving mechanism giving 
uniform distribution of force over the whole radiating surface in order 
to reduce partial resonances of the vibrating surface. The use of electro- 
static forces for this purpose is one which the engineers have looked 
to for some time, and it is the purpose of this paper to consider theo- 
retically the possibilities of this form of driver. 
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Consider a vibrating surface moving perpendicular to its plane and 
separated from a fixed conductor as in Fig. 1. It will be convenient 
in this discussion to derive the relations for the mechanical forces 
between the two conductors from the energy storage in the electro- 
static field between them. The energy is: 


T = 3CE?-10' ergs. (1) 


where C is the capacitance in farads and E£ is the potential difference 
in volts. It can be shown that if the moving plate is allowed to travel 
towards the stationary plate a distance Ax, the mechanical work 
received (FAx) will be equal to the increase in stored electrostatic 


Fic. 1. Electrostatic loud speaker. 


energy (AT), the source of electric energy which maintains the potential 
E on the plates having supplied mechanical energy and electrostatic 
energy in equal amounts. The force between the plates is, therefore: 


oT 1 dC 
- = ——*—.107 dynes. (2) 
Ox 2 dz 7 





In the electrostatic loud speaker, a large fixed potential difference is 
always maintained between the electrodes and the force which causes 
the vibration of the moving electrode is obtained by varying this 
potential above and below an average value. We are interested, there- 
fore, in the change of force for small changes in voltage about this 
mean voltage. The force factor of an electrostatic loud speaker will 
therefore be defined as the force per unit change of voltage and can 
be obtained from the above relation by taking the partial derivative 
of F with respect to E. 


OF dC 
= = E—-10' dynes per volt. (3) 
OE dx 








k 











It is well-known that in many devices which obtain force by a varia- 
tion of stored energy in a field (either magnetic or electrostatic) there 
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is an instability factor known as negative stiffness. For example, in 
the electrostatic device if the diaphragm is moved toward the stationary 
plate there will be an increase in force tending to pull the diaphragm 
further. Over a small range this increase in force will be proportional 
to the deflection and since it is opposite to the restoring force of a 
spring (which is also proportional to deflection) it is called negative 
stiffness. In balanced or push-pull arrangements having two stationary 
electrodes acting upon a moving electrode between them, this negative 
stiffness still exists. Although the steady forces due to the two fields 
are subtractive, the negative stifinesses are additive. The value of 
negative stiffness for one pair of electrodes can be obtained by taking 
the partial derivative of the force with respect to x: 

OF 


¢ 
S, = — = —E*—.- 10’ dynes per cm. (4) 
Ox 2 és 





We may obtain the formula for k and s, by substituting for C in the 
above relations: 














A 
C=— farads. (5) 
36m(d — x)-10" 
dC A 
— = (6) 
dx 36m(d — x)?-10!! 
d*C A Q 
ar = — ‘ ‘ (7) 
dx? 18m(d — x)*-10"! 
The relations for and s, upon substitution become: 
easel (8) 
"36: 104d? 
A 
s, = E2X——___.. (9) 


"36: 10%d® 
An inspection of equations 5, 8, and 9 reveals that the force factor k 
is the following simple function of C and s,: 
k = /107CS, (10) 
This is similar to the relation in magnetic drivers between the force 


er unit current and the negative stiffness and inductance,! the relation 
p g ; 
for these being: 


’ Design of Telephone Receivers for Loud Speaking Purposes. C.R. Hanna, Journal I.R.E. 
August 1925. 
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F 7 
ry = 4/10 LSe. (11) 


One of the useful properties of the force factor is that it may be used 
to calculate the effect of motion upon the impedance or admittance 
of the electrical system. For the electrostatic device it is convenien 
to determine the motional admittance. In magnetic arrangements 
the motion of the armature generates back voltage proportional to the 
velocity of the armature. The analogous property of the electrostatic 
device is that motion of the diaphragm generates current proportional 
to the velocity. As may be expected there is a relation between the 
force per unit voltage k and the generated current per unit velocity of 
the diaphragm. The relation may be derived as follows: 


The charge on the condenser is: 


Q=CE. (12) 
The generated current due to motion is: 
dC dC dx 


(13) 


ig = 


icaitses 
dt dx dt 


Comparing this with equation 3, we have the generated current per 
unit velocity: 


ty 
— = 10-7k (14) 
v 
where the velocity 
dx 
v= — 
dt 


We are now ready to calculate the motional admittance of the 
system. If zis the vector mechanical impedance of the vibrating system 
(including its stiffness and mass reactances and its resistance due to 
radiation and other loss) the velocity will be: 

F ke 
~=.— =~. (15) 


a ° 
- 


(F now being the alternating part of the force and e the alternating 
applied voltage). Substituting this in (14) the generated current is: 
10-*ke 


Z 





ig = 10-7kv = (16) 
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and the motional admittance: 


i,  10-7k? 
Y = oe. (17) 
é Zz 





Those familiar with the relation for motional impedance of electro- 
magnetic drivers will recognize that this relation is exactly the same 
with the exception that & is the force per unit voltage instead of the 
force per unit current. 

For large areas of diaphragm the radiation resistance will be con- 
stant and equal to 41.2A over a wide range of frequencies.? By making 
the stiffness and the inertia of the diaphragm small, the total mechani- 
cal impedance will be resistive over a broad frequency band and the 
motional admittance will become a pure conductance. 

10~7k? 


Gn = (18) 
rT 





Figure 2 illustrates the equivalent electrical network for the electro- 
static speaker. In this diagram it will be assumed that the tube im- 


Fip 





Fic. 2. Equivalent circuit of electrostatic loud speaker. 


pedance may be made any desirable value by proper transformer 
coupling, so that the capacity current drawn by the speaker will not 
cause excessive falling-off of voltage at the high frequencies. For ex- 
ample, if a 30% drop in voltage is allowable at a frequency of w./27 
then, 


1 
re C 
* Function and Design of Horns for Loud Speakers. C. R. Hanna, J. Slepian, Trans. 
A.LE. E. 1924, 


R (19) 
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In the foregoing calculation of force factor as a function of negative 
stiffness and capacity it was not brought out that although the force 
factor is larger for larger values of negative stiffness, the latter js 
necessarily limited because of the instability which it may cause. Be. 
cause of manufacturing tolerances it is probable that s, cannot be 
greater than 1/2 the mechanical stiffness of the diaphragm. The 
resulting net stiffness will therefore be approximately 1/2 the mechani- 
cal stiffness and hence equal to the negative stiffness s,. Of course, if 
the net stiffness is made too great the low frequency response will be 
diminished. For a 30% falling-off at some low frequency, w,/2z, the 
net stiffness, 





S = @1r 
We have then 
10-7k2 — 10-7(10°Cs) 
Gn = the necnenanindiadions 
4 rT 
= wiC. 


Substituting for C the value obtained from relation (19), 


w, 1 
G. = —-—: (20) 
we Ry 
From this it is seen that the smaller w; and the larger w. the lower the 
motional admittance will be. This is to be expected since it is generally 
true in all apparatus of this type that the greater the frequency range 
the lower the sensitivity. 

The efficiency of the electrostatic loud speaker may be defined as the 
ratio of the acoustic power radiated when operated by a particular 
power amplifier at full grid swing to the electrical power which the 
same amplifier is capable of delivering into a resistive load. The reason 
for a definition of efficiency which includes the tube is that there is no 
other place where energy is lost. In other words considering the electro- 
static loud speakes by itself, the efficiency would be nearly 100%. 

Consider a tube of resistance R, which normally requires a load 2E, 
for best output W. The available A.C. voltage which the plate circuit 
can supply to a load of high impedance (which is the condition at low 
frequencies for the electrostatic loud speaker) is given by: 


1 e \? 
=(——) 2R,=W 
2\ 3R, 


e=3V/RIW (21) 








tative 
force 
ter is 
. Be 
ot be 

The 
hani- 
rse, if 
rill be 
r, the 


(20) 


er the 
erally 
range 


as the 
icular 
h the 
eason 

is no 
ectro- 


4 
0 


d 2E, 
ircuit 
t low 


C. R. HANNA 





1930] 


The acoustic power Is: 





‘. 9 yet _ 9 
Wa = aren , Pp ws ag ies 
The efficiency 
VW y We 


This relation holds only if w: and w: are widely separated. If w 
=27100 and w.= 275000, the efficiency 


This theoretical efficiency is probably much higher than has ever 
been obtained with electrostatic loud speakers but is indicative of the 
performance that may ultimately be had by careful design. 


June 9, 1930 


3 The Kyle Condenser Reproducer. Colin Kyle, Radio Engineering, March 1929. 











THEORY OF THE HORN-TYPE LOUD SPEAKER 


By C. R. HANNA 
Westinghouse Electric & Manufacturing Co. 


ABSTRACT 


A brief review of the properties of horns as described in recent years by various writers js 
given. Reasons for the small throat, the large mouth, and the exponential shape are discussed, 


Horns have been used for a great many years on mechanical phono- 
graphs and loud speakers, but until the last few years their function 
has been only vaguely understood. The common conceptions were that 
they concentrated or directed the sound, or that they increased the 
original sound by resonance. Although directivity is a useful property 
of horns, and resonance in some horns accounts for the increase in sound 
delivered by the diaphragm, these are not the predominating factors 
which are made use of in the design of horns. 

Briefly stated, a well designed horn enables a small vibrating sur- 
face to radiate considerable acoustic power into the atmosphere by 
virtue of the fact that it is a sort of impedance matching device which 
couples a relatively heavy diaphragm to a relatively light sound me- 
dium. In the design of horn types of loud speakers the attempt is 
always made to have the driving force work principally against radia- 
tion resistance instead of the inertia and stiffness forces of the diaphragm 
itself. It is desirable also in this type of device to have the radiation 
resistance uniform over a broad range of audio frequencies. 


THROAT OF HoRN 


It will be shown later that all shapes of horns ultimately approach 
the radiation characteristic of an infinite straight pipe having cross 
section equal to the orifice of the horn, and because the straight pipe 
has uniform radiation resistance over the whole range of frequencies 
it will be used to illustrate the design of the throat of the horn. 


In Fig. 1-a if the piston is moved to the right, the air particles 
adjacent to the piston will be given a velocity equal to that of the piston. 
Because of the inertia of the air in the region just following, the velocity 
will be zero in this region and compression will take place in the first 
region. Thus we have both velocity and pressure developed in time 
and space phase and this wave of pressure and velocity travels down 
the tube with a velocity of sound. The reaction on the piston is that of 
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1930] 
a pure mechanical resistance because the force which must be overcome 
is in phase with and proportional to the velocity of the piston. 

If a horn is made with its throat as in Fig. 1-b, the pressure over 
the surface of the diaphragm will be small. By employing an air cham- 
ber and a reduced throat area as in Fig. 1-c a given diaphragm velocity 
produces a much greater air particle velocity in the throat of the horn 
with the result that higher pressures are developed. The force over the 
surface of the diaphragm being the product of its area and this greater 
pressure will therefore be larger than Fig. 1-b. By this means the radia- 
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Fic. 1. The throat of the horn. 


tion force may be made larger than or at least comparable to the inertia 
and elastic forces of the diaphragm itself. 

No attempt will be made here to review the work on the design of 
loud speaker units and sound boxes for use with horns. References 
2, 3,4, 7 and 8 deal with this subject in a manner quite beyond the scope 
of this paper. 

It was stated above that a horn acts as an impedance matching device 
for coupling a relatively heavy and stiff diaphragm to a relatively light 
sound medium. This action takes place because of the fact that the horn 
is a current multiplier over a range of frequencies. For example, if 
the diaphragm is capable of pumping one cubic centimeter of air per 
second into a horn whose throat is 1 cm. in diameter and whose mouth 
is 100 cms. in diameter, the volumetric rate of flow at the mouth of the 
horn will be 100 cubic centimeters per second in the range of frequencies 
for which the horn is useful. Of course, the pressure is reduced corre- 
spondingly so that the power, measured by the product of pressure and 
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volumetric rate of flow, remains the same at all points along the horn, 
In view of this the horn may be said to act as a transformer for changing 
low current and high pressure into high current and low pressure. 


MovuTH AND Horn 


Before considering the best shape of horn for giving this transformer 
action, the factors which govern the size of the large end or mouth of 






Yd 





Fic. 2. The mouth of the horn. 


the horn will be considered. In Fig. 2-a a half wave of pressure hav- 
ing a length greater than the diameter of the open end of a pipe is 
shown. As this wave emerges from the open end it will expand into 
a region represented roughly by the volume of a hemisphere of radius 
\/2. In expanding to this larger volume a reduction of pressure takes 
place and a wave of rarefaction or negative pressure is reflected back 
into the pipe. Such reflections are undesirable because they may cause 
resonance or anti-resonance depending upon the phase with which they 
reach the source. 

If the diameter is made larger or the wave length shorter so that the 
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ratio is as indicated in Fig. 2-b the volume increase of the region of 
pressure upon emerging from the open end will have a smaller percent- 
age and the reflected wave of rarefaction will be of smaller magnitude. 

Fig. 3 shows percentage of end reflection taking place in exponen- 
tial horns as a function of frequency and radius of the mouth. It is 
seen that for higher frequencies, corresponding to shorter wave lengths, 
the reflection is less. Also it is seen that the larger the radius of the 


Lnd Reflection of 


Exponential Horns 
A ™ A,e™ 


A-Areaat A,:Orifce 8=const 


Percent Reflection 





Ratio *°°T4E"L Ly sf Freg. 


Fic. 3. End reflection of exponential horns. 


mouth the smaller will be the reflection. It can be shown that if the 
diameter of the mouth is greater than a quarter wave length of the low- 
est frequency to be transmitted the reflections will be small enough not 
to cause any objectionable horn resonance. 


SHAPE OF HoRN 


Having shown that the throat of the horn must be small and the 
mouth of the horn quite large, the question arises as to the contour of 
the walls and the length. The exponential horn is now generally ac- 
cepted as the best shape possible for a given length. A few years ago 
this was a much disputed point, several authors preferring the conical 
horn. In the paper? presented by J. Slepian and the writer in 1924, 
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Fig. 4 was used to illustrate in a rough way why the exponential 
shape should be superior. Supposing A, and A; are fixed and As¢ is to be 
made such that for a given pressure applied at A; the maximum trans. 
mission of pressure will reach As. In the paper referred to it was shown 
that this occurs if A: is the mean proportional between A, and A,, 
Thus Az should be larger than A; by the same percentage that A; js 
larger than A, and because of the fact that the exponential horn has 
this constant percentage increase in area per unit length it was thought 
to be the best. 


Maximum 
transmission 
of Pressure 
takes place if 


Az “VA, A; 





Fic. 4. Illustrating propagation, 


At the time this work was presented calculated curves comparing 
radiation characteristics of an exponential horn and a conical horn 
having the same length and terminal areas were given and these showed 
marked superiority for the exponential shape of horn. Although rigor- 
ous proof has not been given, no other shape has been suggested having 
a superior characteristic. Fig. 5 shows the radiation resistance of the 
exponential horn as a function of frequency. It is seen to rise rapidly 
above the cut-off frequency and to be substantially uniform above 
twice the cut-off frequency. 

Since the time this work was carried on, further investigations have 
been made as to characteristics of other shapes of horns, notably the 
work of Ballantine.’ Horns of the type A=bx" were considered and it 
was shown that as m is made larger and larger, holding the length and 
terminal dimensions constant, the radiation characteristic is made 
better. In a discussion® of this paper by the writer it was shown that 
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exponential shape corresponding to m= is also included. In Fig. 7 
the characteristics showing radiation resistance against frequency for 
a particular size of horn are taken from Ballantine’s paper. The charac- 
as n increases without limit the exponential shape is approached. Fig. 6 
illustrates horns of this type for values of m=1, 2, 4, and 7, and the 
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Fic. 5. Radiation resistance of exponential horns. 
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Fic. 6. Horns of the type. 


teristic for the same size of exponential horn is also included and the 
superiority is evident. 

A simple rule for laying out exponential horns may be had from the 
knowledge of the fact that in every such horn the area doubles at equal 
intervals along its length. The cut-off frequency being a function of 
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the rate of expansion is also a function of the length between two areas 
bearing the ratio of 2 to 1. Thus for example, if a horn doubles in area 
every 6 inches its cut-off frequency will be approximately 128 cycles, 
if the area doubles every 12 inches the cut-off will be 64 cycles; while 
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Fic. 7. Radiation from Bessel horns. 


if the area doubles every 3 inches the cut-off will be 256 cycles. This 
simple rule provides not only a way to determine the rate of expansion 
for a given cut-off frequency, but also an easy method of laying out the 
horn desired. 

Avucust 25, 1930 


1A. G. Webster, “Acoustical Impedance and Theory of Horns and Phonograph.” Proc. 
National Academy of Sciences, 1919. 

2 J. Slepian and C. R. Hanna, “Function and Design of Horns for Loud Speakers.” Trans. 
A.LE.E. 1924. 

3C. R. Hanna, “Design of Telephone Receivers for Loud Speaking Purposes.” Journal 
I.R.E. August 1925. 

4 J. P. Maxfield and H. C. Harrison, “Methods of High Quality Recording and Reproduc- 
ing of Music and Speech.” Trans. A.I.E.E. 1926. 

5S. Ballantine, “On the Propagation of Sound in the General Bessel Horn of Infinite 
Length,” Journal Franklin Institute, Jan. 1927. 

6 C. R. Hanna, Discussion of Ballantine’s paper. Journal Franklin Institute, June 1927. 

7C. R. Hanna, “Loud Speakers of High Efficiency and Load Capacity.” Trans. A.L.E.E. 
1928, Vol. 47. 

8 E.C. Wente and A. L. Thuras, “A High Efficiency Receiver for Horn Type Loud Speaker 
of Large Power Capacity.” Bell System Technical Journal, Jan. 1928. 
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LOUD SPEAKER SOUND PRESSURE MEASUREMENTS 


By Epwarp W. KELLOGG 
RCA Victor Company 

The idea that the performance of a loud speaker can be shown by a 
curve which in the ideal case of a perfect speaker becomes a straight 
horizontal line, has been accepted and has become a part of the way of 
thinking of a large number of people, probably a much larger number 
than can appreciate its significance. The curve referred to is of course 
that in which the ordinates are response or sound pressure for specified 
input, and the abscissae are frequencies. It is natural to think of the 
sound pressure produced at a given distance in front of a loud speaker, 
as a definite quantity and an indication of the sound energy which the 
loud speaker is putting out. But a little acquaintance with acoustics is 
sufficient to make one realize that variations in the surroundings may 
affect the response curve more than the characteristics of the loud 
speaker itself. Hundreds of response curves have been published and 
thousands more used by engineers to convey to each other information 
in regard to the merits of loud speaker models, but few of these have 
been accompanied by information as to the conditions under which the 
measurements were made. No uniformity of practice as between differ- 
ent laboratories has been established. Under such circumstances the 
one thing that is clear is that if engineers wish their curves to be cor- 
rectly interpreted, they should accompany them with statements of the 
essentials of the method and conditions of test. 

If one sets himself the task of.specifying how response measurements 
ought to be made, he finds himself confronted with many questions, 
the answers to which are not by any means clear, and some of which 
can be answered only by careful experimental checks and comparisons. 

The writer has felt ever since his first contact with loud speaker 
work, that the subject of output measurements was one whose import- 
ance warranted widespread study, that no person or organization had 
anything to lose by contributing such conclusions as had been reached 
on this subject to the industry as a whole, and that all would profit 
from a general interchange of thoughts. This paper constitutes the 
writer’s second effort to stimulate more general discussion of the prob- 
lems of loud speaker output measurements. Effort number one was made 
at the Swampscott convention of the A.I.E.E.' in 1923, at which 


' Trans. A.I.E.E. Vol. 42, Page 799, June 1923. 
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time he called attention to the importance of certain precautions, 
and proposed a tentative set of standard test conditions. No further 
discussion resulted, but since that time two excellent contributions to 
the subject have been published in this country, one by Irving Wolff 
and A. S. Ringel,? and one by L. J. Bostwick,? which everyone interested 
in the subject would do well to study. These papers showed comparisons 
of the results obtained with different methods, and this, in the writer’s 
estimation, is the most valuable contribution which anyone can make. 
Much additional information in regard to comparative results is needed, 
and available data (if thought to be reliable) ought to be published, 
for only by such comparisons can the best methods be determined. 
The papers just mentioned suggested definite test methods, which will 
be reviewed here and compared with several other possibilities. 


GENERAL TEST CONDITIONS AND PRECAUTIONS 


There is little room for difference of opinion concerning the electrical 
arrangements for tests, but certain precautions have too often been 
overlooked. As in all electrical measurements, provision for complete 
calibration of the measuring system is essential. 

A source of error which the writer emphasized in the discussion at 
Swampscott is the registration of sound pressure as a result of over- 
tones rather than of fundamental. This is especially likely if the radia- 
tion of fundamental is very weak compared with that of higher tones, 
in which case the instrument may be credited with much more radiation 
of certain frequencies than it deserves. For example, if one of the loud 
speakers employing small horns, which were prevalent a few years ago, 
was supplied with current of say 100 cycles, about all the sound which 
it radiated was in the form of overtones, either present in the current 
supplied, or produced as a result of distortion within the instrument 
itself. To guard against crediting the speaker with radiation which it 
does not give, care must be taken that the current supplied is as nearly 
as possible a pure sine wave, and also that the output measuring system 
practically excludes overtones. This may be accomplished by means 
of filters or tunings. It may be sufficient to simply ascertain beyond 
question that the output meter is registering fundamental rather than 
overtones. This may be done by means of an oscillograph or a cathode 


2 I. Wolff and A. Ringel“ Loud Speaker Testing Methods” I.R.E. Vol. 15, No. 5, Page 363, 
May 1927. 

3 L. J. Bostwick “Acoustic Considerations Involved in Steady State Loud Speaker Meas- 
urements,” Bell System Technical Journal, January 1929, Page 135. 
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ray tube. Fig. 1 shows some Lissajou figures, given by the writer 
in 1925, in connection with sound pressure measurements on the 
original “Dynamic Cone” loud speaker.‘ These curves were traced 
from a cathode ray tube screen comparing the output of the micro- 
phone amplifier with the current through the moving coil of the loud 
speaker.° If both movements of the cathode ray beam are of funda- 
mental frequency the figure will be an ellipse or straight line. While 
some overtones are indicated in these curves, they are not large enough 
to cause any gross error. A test of this kind should be made for each 


frequency for which the registration is low. 
y | 
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Fic. 1. Braun-Tube Records of Sound Waves. 


Suitable tests to show the amount of power which can be handled 
by a loud speaker without damage or without noticeable distortion are 
essential if complete information is to be given. Such tests present no 
great difficulties. The Lissajous figures already mentioned, if made 
at various amplitudes, constitute an excellent means of showing de- 
partures from linearity between input and output. Fortunately, such 
linearity tests are not sensitive to microphone placement and room 
conditions. 

Frequency-response curves have been plotted, sometimes on the 
basis of constant current through the loud speaker motor and some- 

* Discussion on “Notes on the Development of a New Type of Hornless Loud Speaker,” 
by Chester W. Rice and Edward W. Kellogg, Trans. A.I.E.E. Vol. 44, Page 461, April 1925. 

5 If no cathode ray tube is available and it is desired to obtain the equivalent effect, this 
may be done with two oscillograph elements, one with horizontal and the other with vertical 
axis. The arrangement is illustrated in Fig.2. A small source of light is employed, for example 
a concentrated filament lamp S, whose filament image will make a satisfactory spot on the 
screen. Midway between the two vibrators is a lens L which images the first mirror on the 
second. This lens must be of large enough diameter to take in the swings of the light beam. 


The window lens of the first galvanometer images the filament in the plane of the lens L and 
the second galvanometer window lens re-images the filament on the screen. 
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times with constant impressed voltage. Either basis is satisfactory 
if the impedance and phase angle throughout the frequency range are 
given. If however, the loud speaker is designed to be used in connection 
with a supply circuit of definite impedance (for example a tube of 
specified type and at specified plate voltage and bias) it is more satis- 
factory to take the response measurements with a constant voltage 
applied to the loud speaker in series with a resistance equivalent to 
that of the circuit with which the loud speaker is designed to be con- 


~ 


Fic. 2. Arrangement for producing Lissajous figures with two oscillograph vibrators. 


nected. This gives a curve to which no corrections need be applied for 
variation in impedance of the loud speaker with frequency. If a trans- 
former is used it may be included as part of the loud speaker, in which 
case the resistance would be on the primary side and equal to the 
tube plate resistance, or an ideal transformer may be assumed by 
applying voltage directly to the loud speaker in series with a resistance 
equal to the tube plate resistance divided by the square of the ratio of 
transformation. 

Throughout the discussion in this paper, the use of a condenser 
microphone is assumed, since the condenser microphone is at the present 
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time the generally accepted standard sound measuring device. The 
microphone as usually designed is of sufficient size to cause pressure 
increases by reflection of the higher frequency waves. The magnitude 
of this effect is usually determined by comparing the sound pressures 
as measured with a baffled and an unbaffled microphone; the baffle, 
if large enough, giving pressure doubling at all frequencies. Allowance 
for any pressure increases resulting from reflection at the microphone 
must be made in determining the calibration of the measuring system. 
It is frequently desirable to place the microphone in a hard wall or on 
the ground, which would cause a pressure doubling at all frequencies, 
and, therefore, calls for a different calibration curve from that to be 
used when the microphone is in the clear. 


COMPARISON OF Loup SPEAKER SYSTEM 
wiTtH Drrect LISTENING 


The loud speaker is one link in a chain of apparatus which is required 
to provide sound at the listener’s ear. The failure of any link in the 
chain to function properly may spoil the result, but it is quite possible 
for one link or element to compensate for faults in some other link. 
For example, a receiving set may supply an excess of low frequency cur- 
rent as compared with that at high frequency, while the loud speaker 
may have the reverse characteristic, and the result may be more satis- 
factory than would be the case if a loud speaker of more nearly uni- 
form response were substituted. It is generally agreed, however that 
such compensation by one element for faults in another is not desirable. 
In so far as possible, each link should respond uniformly throughout 
the range of acoustic frequencies. Thus, if the original sound source 
were to emit a series of tones of equal power, the resulting voltage, 
current, electric power or acoustic power at any point in the system 
should be the same for all of the tones. If this policy is not followed, 
improvement in the art is impeded. Suppose for example, that most 
loud speakers had too little response at low frequency, and to offset 
this manufacturers of radio receiving sets had put out sets that had an 
excess of low frequency output. Then a better loud speaker would be 
hard to sell because it would sound actually worse on existing receiving 
sets. In deciding what characteristics are desirable in a loud speaker, 
we must therefore assume that the remainder of the apparatus with 
which it is to work, is as nearly free from frequency discrimination as 
possible. 
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In the case of broadcast reception the complete chain includes (1) 
Source, (2) studio* acoustics, (3) microphone, (4) amplifier, (5) trans- 
mission lines, (6) power amplifiers, (7) transmitter, (8) ether, (9) radio 
receiver, (radio frequency amplifier, detector and audio frequency 
amplifier), (10) loud speaker, (11) reproducing room acoustics, (12) 
listener’s ears. This chain, which is shown schematically in Figure 
3-A, is expected to produce an effect closely resembling that which 
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Fic. 3. Relation of loud speaker listening to direct listening. 


would result from (1) source, (2) acoustics of surroundings and (3) 
listener’s ears. 

Most of the elements in the radio broadcast system are of such a 
nature that their performance can be checked to a high degree of pre- 
cision, and can be so designed as to produce practically no distortion. 
This is true of microphones, amplifiers, transmission lines, radio trans- 
mitters, and radio receivers. There is a great difference on the other 
hand between the sound pressures at the source and at the micro- 


* The term “studio” is used throughout this discussion to designate the place where the 
original sounds are produced and picked up. 
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phone. There is likewise a difference between the sound pressure at 
the loud speaker and at the listener’s ears. These differences depend on 
acoustic conditions and are practically unavoidable, especially indoors. 
Distortion may take place in the transmission of radio waves through 
space, owing to the interference between waves that have arrived by 
different routes, but this factor is hardly an important one except in 
long distance transmission. We may therefore say that for purposes of 
loud speaker design we should assume the system to be perfect from 
microphone to receiving set. To state the case more specifically, the 
voltage applied to the grid of the tube which feeds the loud speaker 
is to be assumed proportional from instant to instant to the sound wave 
pressure on the diaphragm of the microphone. The same assumption 
should be made if the sound is recorded and later reproduced. The 
power stage of the amplifier and transformer, if one is used, will, if 
properly designed, introduce a negligible amount of distortion. 

Including in the list then, in addition to the source and listener, 
only the elements which must be assumed likely to produce distortion 
(or changes of character) in the sound,—we have, as shown in Fig. 
3-B (1) source, (2) studio acoustic conditions, (3) loud speaker, (4) 
reproducing acoustic conditions, and (5) listener. The two systems that 
are to be compared, namely listening through the loud speaker and 
listening directly, now differ in the substitution of studio acoustics, 
loud speaker and reproducing room acoustics for acoustics of the place 
where the direct listening would be done. Can the place where direct 
listening would be done be considered acoustically identical with 
either the studio or the reproducing room? Usually we wish to enable 
the listener to imagine either that the person talking, singing or playing 
is present in the room with him or else that he is present at some dis- 
tant place where he is listening to music or where he hears, and perhaps 
sees, what is going on. It takes but little thought to decide that while 
sometimes one, and sometimes the other of these impressions is desired, 
by far the more frequent and important is the second. The great satis- 
faction brought through radio rests in large measure on its capacity 
to carry its listeners in imagination to halls of music, to churches or 
cathedrals, to scenes of activity, to baseball or football games, and to 
events of national interest. If the loud speaker is part of the mechanism 
of illusion in a talking picture, the listener is carried in imagination 
to scenes far off not only in distance but in time as well. 

Needless to say in all this the microphone man must find or create 
suitable acoustic surroundings to suit the occasion and scene. The 
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room where the listener sits, whether it be a living-room or theatre jg 
a more or less constant factor. If we are ready to agree that the object 
sought in general is to take the listener to where the microphone js 
rather than to bring the source of sound into the listener’s house or jnto 
the theatre, we may cancel out the factor “studio acoustics” in the 
reproduced sound system as equivalent to “acoustics of surroundings” 
in the case of listening direct. The comparison is now Fig. 3-B with 
3-C and there remain only the loud speaker and listening room as 
essential causes of difference. On this basis, the case may be sum- 
marized thus: 

If the purpose of a sound reproducing system is to duplicate as nearly 
as possible the effects that the listener would get if he were present where 
the sounds originate and if all other elements in the system are made as 
nearly perfect as in the light of present knowledge they can be made, there 
remain the loud speaker and the acoustic effects of the room where reproduc- 
tion takes place as probable sources of more or less distortion, and the 
purpose of loud speaker tests is to show the nature and magnitude of this 
distortion and to point the way to its reduction. 

Fig. 3-D shows a testing arrangement in which these elements are 
both included. If the testing room duplicates the listening room 
acoustically with the loud speaker in the same place, and if the micro- 
phone is in the position which the listener would occupy, a uniform 
response as shown by such a test would mean perfect sound repro- 
duction (at least insofar as the overall response-frequency characteristic 
of the system tells the story). It will be noted that Fig. 3-D includes 
a microphone. If the characteristics of this microphone are the same 
as those of the studio microphone, it is not necessary that either have a 
perfectly “flat” response curve, nor to correct the test readings for the 
microphone calibration or for pressure doubling effects at high fre- 
quency. We may simply consider (instead of assuming that the micro- 
phone distortion is small enough to neglect) that Fig. 3-D is an overall 
test of three elements present in the loud speaker listening system, and 
not present in direct listening, namely microphone, loud speaker and 
listening room. The practical limitation of attempting to exactly dupli- 
cate the listening room will receive further consideration but the point 
which should be emphasised here is that for specified listening con- 
ditions, a definite response test is possible and the approach to flatness of 
the curve so taken would be a true measure of the fidelity of the repro- 
duced sound as it reaches the listener. The test referred to is an overall 
response test, of microphone, loud speaker and listening room. 
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STANDING WAVE PATTERNS 


When sound is produced in an enclosure whose walls act as reflecting 
surfaces, the sound pressure at any given point is the resultant of that 
coming directly from the source and a series of echoes from different 
directions, with progressively decreasing. intensity. The resulting 
prolongation and overlapping of sounds constitute what we call rever- 
beration, while with continuous tones, the principal effect of the crossing 
and re-crossing trains of waves is a considerable increase in the general 
sound intensity, together with interference regions of alternately high 
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Fic. 4. Irregularities In Response Due to Standing Waves In Room 
Loudspeaker used,—8" cone with 22” X22" baffle. 
Solid line,—Response with microphone revolving in six foot circle. 
Dashed line,—microphone stationary in position neares to loudspeaker. 
Dotted line,—microphone stationary in position fartherest from loudspeaker. 


and low sound pressures. The interference patterns shift rapidly with 
changes of pitch so that at a given point certain tones register high 
sound pressure and others low, irrespective of the amount of sound 
emitted by the loud speaker; and at a slightly different position the 
high and low pressures will occur at a different set of tones. This 
effect is well illustrated in Fig. 5 of the paper by Wolff and Ringel. 
It is also shown in the two dotted curves of Fig. 4 of this paper, which 
were taken with two microphone positions. Standing wave effects are 
clearly evident despite the fact that the room was very heavily damped. 
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These standing wave effects constitute distortion, and distortion of a 
kind that it is quite impossible to offset by any compensating char. 
acteristic in the loud speaker. Fortunately it is a kind of distortion to 
which we are accustomed, and the listener is greatly helped by the 
fact that the loud and weak spots do not occur simultaneously at his 
two ears, and that he can concentrate on the sound coming directly 
from the loud speaker. 


COMPENSATION FOR SELECTIVE ABSORPTION IN THE Room 


There is, however, a further distortion resulting from the char- 
acteristics of the room, which can be compensated by an opposite 
distortion in the loud speaker, namely, that due to differences in the 
sound absorption of the room and objects within it at different fre- 
quencies. The absorption is practically always greater for high fre- 
quency sounds than for those of low frequency and the result is an 
accentuation of the low frequency sounds by the stronger reflections 
from the walls. There does not appear to be any logical reason why the 
selective absorption of the room should be compensated in the loud 
speaker rather than elsewhere in the system, unless it be that the 
loud speaker and room are always associated and the effect of each 
on the net result is in considerable measure dependent on the other. 

How large a factor the room is may be judged from a simple calcula- 
tion, based on Sabine’s formula for energy density in an enclosure, 
I =4E/VAS, in which V is the velocity of sound in feet per second, 
S the area of absorbing surface and A the average absorption coef- 
ficient. Assume a non directive source of sound emitting £ ergs per 
second in a room 10 ftX20 ft.x15 ft. whose walls (including open- 
ings) have an average absorption coefficient A =.20. Such a room would 
have a reverberation period of .58 seconds according to the usual 
formula or of .35 seconds according to the Eyring formula.’ The average 
energy density in the room is .0000143 E ergs per cubic foot. From this 
it would probably be logical to deduct the fraction which has not yet 
been reflected. This would be approximately .0000028 E ergs per cubic 
foot, average, if the source is near the center. The remainder which 
would be the sound influenced by selective absorption is .0000115 E. 
At six feet from the source the energy density in the sound coming 
directly from the source would be .000002 E which is only about one 
sixth of that due to reflections. The listener would need to move to 


* Carl F. Eyring “Reverberation Time in Dead Rooms” Jour. Acoustical Soc. of Am. Jan. 
1930, Page 217. 
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within 2-1/2 feet of the speaker to equalize the two. The formula 
indicates that the average sound intensity (energy density) in the room 
is inversely proportional to the absorption coefficient. Calculations 
based on published data indicate that the total absorption in an ordinary 
living room is likely to vary with frequency by as much as two to one, 
and probably more in a theatre or auditorium. So long as the indirect 
sound is the major portion of the total, selective absorption in the room 
will be a large factor in the intensity of the sounds heard. 

The calculated relative strengths of direct and reflected sound is 
hard to reconcile with what our ears seem to tell us in regard to where 
the sound is coming from but the explanation is probably a psychologi- 
cal one. Our ability to concentrate on sounds coming from a given 
source to the exclusion of much louder ones coming from other direc- 
tions, is an extremely useful faculty, but nevertheless makes us poor 
judges of the relative intensities of simultaneous sounds, especially 
if one is from a definite direction and the other is diffuse. This same 
ability to concentrate enables a listener to partly discount the room 
characteristics and reverberation as pointed out by Wolff and Ringel, 
but not completely, for it is well known that judgments of a loud 
speaker vary radically when they are given aural tests in different 
places. It is further likely that the faculty of concentration is much 
more actively employed when listening to speech than when listening 
to music. 

The general conclusion from the foregoing considerations would 
appear to be that selective absorption in the room should be partially 
compensated by augmented radiation from the loud speaker over that 
portion of the sound spectrum in which room absorption is high, but 
that the compensation should be only partial. Test conditions should 
therefore be so arranged (if a single curve of response vs frequency is 
being taken, and used to judge the speaker) that the microphone will 
receive a somewhat larger share of direct radiation as compared with 
indirect, than the average listener. This is most readily attained by 
placing the microphone somewhat closer to the loud speaker than the 
listener would ordinarily sit, or else making the test in a room which 
either has more absorption, or else is larger than that in which repro- 
duction will normally take place. The ratio of direct to indirect sound 
depends on the distance to the microphone relative to the dimensions 
of the room. Thus, doubling the distance between source and micro- 
phone and doubling the room dimensions would leave the ratio un- 
changed. 





168 JOURNAL OF THE ACOUSTICAL SOCIETY = [Oey 


ADVANTAGES OF DIRECTIVE LouD SPEAKERS 


The ratio of indirect to direct sound which was found is surprisingly 
high in the case calculated, is much less pronounced if the loud speaker 
is directive. As compared with a non directive source, a loud speaker 
having a moderate degree of directivity such as shown, for example, 
in Fig. 5, would give the same sound intensity in front of the speaker 
with only one sixth of the total power radiation and therefore with 
only a sixth as much indirect sound as the non-directive speaker, 
Directive speakers are correspondingly less dependent on the sur. 
roundings, both the standing wave effect and the selective absorption 
effect being reduced by the reduced proportion of reflected sounds. In 
fact, directive speakers and high and uniform room absorption are 
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steps in the direction of eliminating room effects, and if these could 
be entirely eliminated, perfect reproduction is theoretically possible, 
in the sense that sound pressures at the studio microphone could be 
duplicated at the listener’s ears. A difference would still exist in the 
matter of the directions from which the sounds come, for to the listener 
all sounds would come from one direction, (namely from the loud 
speaker) whereas in the studio sounds reaching the microphone might 
or might not come from a single direction. 

In the home the listener can to some extent control conditions by 
sitting in the beam when he wishes to get the effect of a definite source, 
and sitting close the speaker when he wishes to minimize room effects, 
while in the case of orchestra music he will usually prefer to sit out of 
the beam and receive for the most part diffuse sound. In theatres on 
the other hand, the listeners cannot move about to suit their fancy, 
but to compensate for this, a more elaborate loud speaker system can 
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be employed with distributed speakers for passages where diffuse sound 
is desired’ and with speakers behind the screen for use when the sound 
should seem to come from that direction. The ideal speaker for the 
last mentioned purpose is one whose radiation is practically confined 
to the angle subtended by the audience, with the strongest radiation in 
the direction of the most remote seats. Since this angle is a large one, 
and the distances from loud speaker to listeners are of the same order 
as the roon dimensions, the desired high ratio of direct to reflected 
sound can be obtained only in a very well damped auditorium. For 
this reason the writer has advocated going further than is now thought 
permissible in the direction of deadening auditoriums and making up 
the lost reverberation when reverberation is desired, by distributed 
speakers, plus reverberation effects introduced where the original sound 
is picked up.’ Whether or not the auditorium is as dead as here advo- 
cated, the desired directivity of the theatre type speaker is still the 
same. In the absence of a perfectly dead auditorium, some compensa- 
tion for selective absorption should probably be employed. 

For the home type loud speaker, directivity is of less importance, and 
a very narrow beam is clearly not desirable, since the listeners do not 
wish to sit in a radial row, but rather to choose a comfortable distance, 
seating themselves more nearly in an arc of a circle. The ideal would 
probably be for the radiation to be largely confined to an angle of 
60° to 90° in the horizontal plane and 20° to 30° in the vertical plane, 
without any strong maxima or minima within this region. In what has 
been said about desired directivity, it should be understood that 
low frequency radiation as well as high is included. Since control of 
directivity requires dimensions of the order of at least a wave length, 
it is not likely that home type speakers sill ever be available with the 
degree of low frequency directivity indicated as desirable. This being 
the case, it would appear that the best reproduction would result if 
the directivity approaches the ideal described over as large a fraction 
of the frequency range as is practicable, and if suitable compensation 
is introduced to offset the increased sound pressures resulting from 
the excess of low frequency echoes. 


TEST INFORMATION REQUIRED TO ESTIMATE MERIT 


Having formulated the characteristics, in terms of response and 
directivity which it is desirable to approach, we may next inquire what 


7 “Some New Aspects of Reverberation” by Edward W. Kellogg, Jour Soc. Motion Picture 
Engineers, Nov. 1930, Vol. XIV, Page 96. 
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tests will be needed to indicate how nearly these characteristics haye 
been attained. 

Complete information in regard to the response of a given loud 
speaker would call for giving the radiation in all directions for glj 
frequencies. This information could be conveyed by means of a series 
of response frequency curves taken in free space, with the microphone 
in a different direction from the loud speaker in each case, the micro- 
phone positions being chosen to cover the surface of an imaginary 
sphere, with sufficiently small intervals so that the response-frequency 
curve does not change radically from one position to the next. The 
same information might be conveyed by a series of directive curves 
taken at small frequency intervals. In either case the number of 
measurements and curves would be prohibitively large except for the 
most exhaustive studies. Some abbreviation must be made, not only 
to reduce the labor involved in making and plotting the measure- 
ments, but also to avoid burdening the interpreter of the data with an 
unusable mass of figures. It must be admitted that the prediction of 
the results which will be obtained from use of a given speaker in a 
specified room can hardly be on an exact basis in the sense that electrical 
circuits can be calculated, but fortunately the tolerances of our ears 
make up for many shortcomings of our acoustic predictions. 

The first abbreviation might be to give directivity only in a horizontal 
plane and in one (the axial) vertical plane. These families of directive 
curves, taken at small enough frequency intervals to catch all im- 
portant changes in directivity, and used in conjunction with a free 
space response-frequency curve, with the microphone the same dis- 
tance away from the speaker and directly in front, would probably 
give as much information as could ordinarily be used. The sound pres- 
sure from the direct beam could be calculated for any position in the 
house, and with a fair estimate of the radiation in other directions, 
the average sound pressure built up by multiple reflections could be 
approximately calculated. When such families of curves are plotted, 
they should preferably all be to the same scale. If the radii of the polar 
directive curves are proportional to sound pressures, the areas within 
the curves are roughly proportional to power radiated. 

Still further simplifications are needed, particularly for conveying 
quickly an indication of the characteristics of a household type loud 
speaker. The interpretation of data involving room effects, sound 
pressures in the beam, directivity and total radiation, is difficult enough 
for the most experienced engineers. Can the trade and the interested 
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» have public be given a single curve which will tell enough about a loud 
speaker to be useful? If any such single curve exists, it is the one in 
| loud which average room effects are included, the microphone being so 
or all located as to give the sound pressures at a normal listening position, 
series or the average for a number of positions. So long as the differences 
Phone between various loud speakers are as great as they are today, this 
nicro- overall, or normal listening conditions curve will give a fair indication 
zinary of whether the loud speaker in question has a desirable response fre- 
uency quency characteristic or not. Especially if the loud speakers being 
The compared are of similar type, for example cones in baffles or cabinets, 
urves which do not differ greatly in directivity, and all of which are “double 
er of sources,” the overall response curve when carefully made should be a 
or the dependable guide. 
- Only A moderately simple presentation of the characteristics of a speaker, 
asure- intermediate in number of curves required between the two systems 
ith an already discussed, would be to give a free space, normal distance 
ion of response curve, three or four partial directivity curves to show how 
ina much the response would vary within the useful direct beam, and a 
‘trical curve of total radiation vs frequency, from which the amount of diffuse 
r ears sound could be computed. As a check, an overall response curve for an 
average room should be added. 
‘ontal Speakers intended to produce diffuse sounds for musical effects only, 
ECHEVe if such an application becomes important, could be judged almost 
1 im- entirely by total radiation. 
free It is desirable in many cases to compare the total energy radiated 
p die with that radiated in a particular direction. For this purpose the energy 
bably radiated in the specified direction may be expressed in ergs per second 
pre: per unit of solid angle, which would be P?r?/pv=P?r?/44 approxi- 
. the mately, in which P is the r.m.s. pressure in bars at a distance r cm from 
wa, the source, p is the density of air in grams per c.c. and v the velocity 
Id be of sound in cm per sec. This might be compared with the average 
ted, radiation for all directions, which would be E/4m ergs per unit solid 
polar angle, in which E is the total radiation. The general directive properties 
‘ithin of the loudspeaker can be stated in terms of what might be called the 
oles “directivity factor,” (./Epv/4mr?)/P in which P is the pressure at a 
ae distance r directly in front, and ./Epv/4rr? is a sound pressure which if 
anal uniform over the entire surface of a sphere of radus r, would correspond 
ough to the total power radiated or E ergs per second. 


ested 
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Summarizing the response measurements which it may be desirable 
to make, we find that they fall into three classes: 


1. Free space measurements, for determining the true radiation 
in given directions. (Directivity data must be in terms of free space 
measurements. ) 

2. Total power output measurements. 

3. Overall tests which include average room effects. 


FREE SPACE MEASUREMENTS 


In order that a sound pressure measurement may give a true jp- 
dication of the radiation in a given direction, the microphone must be 
affected only by sound coming direct from the loud speaker, and all 
echoes of appreciable magnitude as well as extraneous sounds, must be 
excluded. These conditions are not easily obtained. The usual sound 
proofed test room, even when exceptionally well deadened, is by no 
means free from echoes. Only by making the distance from the source 
to the microphone small compared with the distance to the floor, 
ceiling or nearest wall, can the ratio of reflected to direct sound be 
sufficiently reduced. This, coupled with the greater ease of working 
with the microphone close to the source due to lower required amplif- 
cation and reduced trouble from extraneous noise, has resulted in many 
response measurements being made with the microphone entirely too 
close to give an indication of radiation in a specified direction. Bostwick 
has given a formula, d?f/4500 as the minimum distance in feet at which 
it is safe to make a response measurement for interpretation in terms 
of directivity. In this, d is the maximum diameter of the source in 
feet. This stipulation is based on diffraction theory developed by Cran- 
dall. Within this distance false readings are likely to result from dif- 
fraction patterns. 

The microphone distance indicated by the above formula may be less 
than that called for by other considerations. For a series of sound 
pressure measurements to show directivity, the microphone positions 
must all be the same distance from the source. Fig. 6 illustrates a con- 
dition in which the effective center of radiation for high frequency sound 
is at a different location from that for low frequency sounds. The 
error due to uncertainty as to the location of the center of radiation 
becomes small as the radius of the sphere which constitutes the locus 
of microphone positions is made large. The directivity curve states 


8 See reference (3) page 141. See also “Theory of Vibrating Systems and Sound” by I B. 
Crandall, Section 41. 
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the pressure at a specified distance, and it must be permissible to assume 
that for other distances from that specified and in the same direction, 
the sound pressure will vary inversely as the distance. How far away 
the microphone should be placed depends on the distance between 
the possible centers of radiation and on the degree of accuracy sought. 
For example, suppose that the center of tlie bell of a horn is assumed 
to be the average center of radiation for all frequencies but that in 
fact a 3000 cycle tone has an effective center two feet back of the bell 
opening. If the microphone indicates 80 bars at six feet from the bell, 
six feet being the stated microphone distance, it would be inferred that 
at 50 feet the pressure would be 6/50X80=9.6 bars, but actually it 
would be more nearly 8/52 X80 =12.3 bars, an error of approximately 


\Migh 
\Fregutney 


‘ave 
Front 


 Wemesece coe? 





Fic. 6. Approximate flow lines around bell of horn emitting low frequency sound, 
showing wave front and equivalent point source. 


28%. This is not a large error as acoustic measurements go. There 
is also an uncertainty in the direction of the microphone from the 
effective center or source if the dimensions of the loud speaker are 
considerable compared with the distance to the microphone. This 
refers not simply to the dimensions of the vibrating body or diaphragm 
itself, but to those of any constraining surfaces which direct the radia- 
tion such as baffles, born or cabinets. The magnitude of the possible 
direction error can be readily estimated in any case. The distance 
chosen may properly depend on the purpose for which the measure- 
ments are being made, but directive curves should always be accom- 
panied by statements of the asumed center and the microphone dis- 
tance. It would hardly be argued in any case that the microphone 
should be farther away than the normal listening distance. 

The likely errors due to reflections may be roughly estimated pro- 
vided absorption is high. Behind each reflecting surface assume an 
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image of the source, with an output less than the actual source to take 
account of absorption. Thus if the wall has an absorption coefficient 
of .36, the reflection coefficient would be .64. This being an energy 
ratio, the sound pressure from the image source should be taken as 
»/.64 =.8 of that which the real source would produce at that distance, 
This method has been worked out by Eyring.’ While the first reflections 
are strongest, successive reflections may, if absorption is low, make up 
in number what they lack in individual strength. Even with absorption 
coefficients as high as .4 to .6, it would seem that the distance to the 
nearest reflecting surface should be at least twice, and preferably three 
or four times the distance between microphone and loud speaker. 
This means a large room, so large in fact, that directive properties of 
auditorium type speakers have usually been determined out of doors, 
while approximate directive curves sufficiently accurate for most 
purposes for home type speakers, may be obtained indoors provided 
proper care is taken and a large well damped room is used. It should 
be recalled, in considering the feasability of indoor tests, that absorp- 
tion coefficients of more than .2 to .25 are not easily obtained for fre- 
quencies of 100 cycles or below. 

One expedient for obtaining low frequency directivity curves is to 
build half scale models and work at half the wave length or double the 
frequency. This is hardly applicable if the diaphragm itself plays any 
part in directivity, nor can it safely be used for obtaining response 
frequency curves, but where stationary constraining surfaces such as 
horn walls determine the directivity properties, the small model method 
of studying directivity offers several advantages. Work can be done in- 
doors in a room of reasonable size with the microphone comparatively 
near the speaker and since the frequencies employed are higher, the 
difficulty of securing sufficiently high absorption coefficients will be 
less than in the case of testing full sized units. 

The refinements to which it is necessary to go in avoiding echoes 
depends on whether it is desired to measure radiation which is very 
weak compared with radiation in other directions. For example, behind 
a large horn the high frequency radiation is extremely low, while the 
radiation forward is high. Very slight reflections of the strong forward 
beam would cause serious errors in measuring the weak radiation to 
the rear. For most purposes, however, it is not necessary to measure 
radiation which has fallen to a few percent of that in the main beam 
for such weak radiation to the side or back would have little bearing 
on the actual performance of the speaker. 
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OuTpOOoR MEASUREMENT 


For determining the true radiation in specified directions, from 
auditorium types of loud speakers, the usual methods of indoor testing 
will hardly suffice. The most satisfactory system is to make the meas- 
urements out of doors. Even out of doors echoes will be a source of serious 
errors unless great care is taken to avoid’ them. Ordinary ground 
does not have high absorption, and obstructions which appear to be 
unimportant often give noticeable echoes. A method which has been 
used, probably more than any other, is to support the loud speaker 
and microphone on posts at a height above ground which is considerably 
greater than the distance between loud speaker and microphone. See 
Fig. 7-A. It is sometimes assumed when this arrangement is used that 
the ground deflection will be a constant factor, as far as horizontal 
directivity at any given frequency is concerned. This assumption is a 
reasonable one, at least for low frequencies, but should be checked in 
each test by ascertaining whether a different height gives the same 
directivity. Existence of an appreciable ground reflection, although 
under favorable circumstances it may not change the shape of the 
directivity curve, will make all of the readings higher or lower, de- 
pending on the relative phases of the direct and reflected waves. It is, 
therefore, not permissible to compare results at different frequencies 
unless tests show that reflections are of negligible effect on pressure 
at the microphone. 

Dependence on the constancy of ground reflection in taking a direc- 
tivity curve is carried to its logical limit in a method of measurement 
described by Louis Malter,® who placed both loud speaker and micro- 
phone directly on the ground, which was of very low absorption and 
was considered to be a practically perfect reflector. The arrangement 
is shown in Fig. 7-B. It was assumed that the pressure at the micro- 
phone was the sum of the free space pressures which would be pro- 
duced by the speaker and its ground image. So long as the distances 
from the microphone to the loud speaker and to its image differ by a 
small fraction of a wave length, this gives a pressure doubling. The 
system was used only for low frequencies in the range within which 
this condition held, and another method was followed for the higher 
frequencies. The arrangement just described has the merit of con- 
venience. It is not clear to the writer that two adjacent loud speakers, 
one below the other, would not react on each other in such a way as to 


* Louis Malter “Loud Speaker and Theatre Sound Reproduction,” Journal, Society of 
Motion Picture Engineers, June 1930. 













176 JOURNAL OF THE ACOUSTICAL SOCIETY = [Ocr,, 


alter not only the response-frequency characteristic but the horizontal 
directivity as well. It is to be hoped that additional data and checks 
on the method will be published, in order that its scope and limitations 
may be better understood. . 
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Fic. 7. Arrangements of minimizing echo errors. A. Loud speaker and microphone well above 
ground. B. Taking account of image. C. Microphone on ground. D. Reaction of echo on 
loud speaker avoided. E. Working at corner of building. 





Two other arrangements, shown in Fig. 7, appear to offer possibilities 
of minimizing errors from reflections. In Fig. 7-C, the loud speaker is 
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carried at the desired height by a rigging, all members of which are 
of small enough diameter to produce negligible reflections, and the 
microphone is placed on the ground under the loud speaker. Arrange- 
ments are provided to rotate the loud speaker about its average center 
of radiation, in order to obtain the desired directivity data. Pressure 
doubling for all frequencies takes place at the microphone. A place for 
the tests should be chosen where no sources of reflection other than 
the ground are near, and the ground should be very highly reflecting, 
the microphone being placed preferably on a concrete slab. With loud 
speakers of certain types, there will be a possibility of the reflected 
sound reacting on the loud speaker so as to slightly alter its output 
or of being re-reflected back to the microphone, for example, by a large 
baffle. To minimize this danger, the microphone might be placed 
slightly to one side and the ground directly under the microphone 
given such a slope that the reflected sound would practically all miss 
the loud speaker. This is indicated at D, Fig. 7. 


If a flat roofed building, considerably higher than any of its nearby 
surroundings, is available, the location of the loud speaker over one 
corner, as shown at Fig. 7-E, with the microphone carried at the desired 
distance by an outrigging, should afford a system in which all reflected 
sound will take such directions as not to interfere with the direct 
sound. 


All outdoor testing systems are at a disadvantage owing to de- 
pendence on weather, difficulty of finding places and times free enough 
from disturbing noises, and the distance to which apparatus must 
usually be transported for test. Wind causes disturbing refractions 
of the sound, and false registrations on the microphone, so that com- 
parative freedom from wind, as well as from extraneous sound is re- 
quired, with the result that testing is possible for only a fraction of the 
time. Nevertheless outdoor tests give a nearer approach to free space 
conditions than is otherwise possible, and must therefore be made from 
time to time, to supplement or check other tests. The choice of method 
will depend largely on availability of a suitable location and on how 
well the place chosen is adapted to one or the other of the possible 
testing arrangements. The number of tests to be made is also a de- 
termining factor. If only a few tests are to be made, the waiting for 
quiet may not be serious, while if many tests are to be made, more 
elaborate preparations for convenience will be justified, and a location 
favoring minimum lost time will be sought. 
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MEASUREMENTS WITH OSCILLOGRAPH 

If a large room is available, it is possible to obtain free space radiation 
measurements indoors by means of an oscillograph. For this purpose 
a damped room is not required. The loud speaker is switched on and the 
film started through the oscillograph at the same instant. The true 
radiation is indicated by the amplitude of the waves registered between 
the arrival of the direct sound and the first echo. In order to make this 
interval as long as possible, it will be found desirable to place the 
loud speaker and microphone in the middle of the room, in line with 
the shortest dimension, which will usually be one above the other 
Placing the microphone at a reflecting surface and allowing for pressure 
doubling, or in other words including one reflection in such a way that 
its effect is constant, makes it possible to increase the interval before 
the arrival of other reflections. For illustration, take the case of a 
room 30 X 30 feet by 20 feet high. If the desired distance from speaker 
to microphone is ten feet, the speaker would be placed at the middle 
of the room ten feet above the floor, and the microphone on the floor. 
The direct sound would have to travel ten feet, while sound reflected 
from the walls or ceiling and back to the microphone would have a total 
travel of thirty feet. This would leave an interval of nearly .02 seconds, 
sufficient to show two complete waves at a frequency of 100 cycles per 
second. If the two waves on the oscillograph are practically identical 
in amplitude, the measurement may be considered reliable, otherwise 
not. A number of oscillograms examined by the writer made with 
dynamically driven, baffle type speakers, showed full amplitude with 
the first wave, but some building up effect is to be expected at fre- 
quencies where resonance, either mechanical or acoustical, occurs. 
Under these conditions if the oscillogram indicates a building up which 
is not complete by the time the first echo arrives, there is little chance 
of securing a reliable free space response measurement indoors, unless 
by going to a still larger room. 

The oscillographic system is obviously tedious and expensive and 
would therefore ordinarily be chosen when such measurements are 
wanted only occasionally, for example, as a check on other systems. 


INDOOR TESTS 


We have seen that steady state indoor tests (which do not include 
the oscillograph test) do not in general give the direct radiation in the 
direction of the microphone but a mixture of this and more or less of 
the general radiation in other directions reflected from the walls of the 
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room. Nevertheless such measurements, while less readily analysable 
or precisely definable than the true free space response, are a closer 
approach to what a listener will hear, and are the main reliance for 
obtaining information as to the general performance of loud speakers. 

It is clear that irregularities in the sound pressure at the microphone 
due to shifting standing wave patterns in the room, are not a part of 
the loud speaker characteristic and only confuse the interpretation 
of the response curve and should be eliminated as far as possible. Four 
general methods of accomplishing this result have been employed, (1) 
moving the microphone in a circle or the arc of a circle so as to average 
the sound pressures through a considerable region, (2) “warbling” or 
changing the frequency through a small range above and below the 
nominal value, (3) changing the frequency continuously, and with 
sufficient rapidity so that the output meter cannot follow the rapid 
fluctuations due to standing waves, but gives an average, and (4) plac- 
ing the microphone close enough to the loud speaker so that the re- 
flected sound will be negligible compared with the direct. 

Three of these systems depend on eliminating the interference effects 
by taking either a space or a time average. When this is done an inter- 
esting speculation arises as to the effect of the type of meter used to 
measure the output of the microphone amplifier. Assuming that a 
sufficient number of maxima and minima have been included to make 
the average a fair one, a meter of the thermal type (in which the needle 
deflection depends on the average of the square of the current) will 
give an indication of the total energy present at the microphone due 
to all trains of waves. If, on the other hand, a “straight line rectifier” 
and D.C. meter are used, or a tube voltmeter which depends on the 
first power of the amplitude, the averaging being done by the slug- 
gishness of the moving system, the average will be of the sound pressure 
and not of the pressure squared. Under these conditions the weaker 
trains of waves become a smaller factor in the total reading. Consider 
for example, the case of a wave of amplitude a to which is added in 
random phase a wave of amplitude 6, b being smaller than a. When 
they are directly adding or subtracting the resultant amplitudes will 
be a+b and a—b respectively, and the average of these is a. On the 
other hand a current square meter would give as the average for these 


two conditions »/(a+)?—(a—b)? which is ./a?+b?. With the waves 
in quadrature both systems would read alike ./a?+0*. Averaging the 
four equally probable phase relations, the root mean square measuring 
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system would give twice the weight of the smaller wave. If all possible 
phase relations are averaged, the ratio ranges from approximately one 
half when b is small compared with a to about two thirds when } js 
equal to a. 

Were it possible to use a measuring system in which the weaker waves 
averaged out to zero, and at the same time to make sure that the 
resultant of the echo waves never exceeded the direct wave, such a 
system would make it possible to obtain true free-space radiation 
measurements indoors. The straight line rectifier, or first power measur- 
ing system is a step foward such an objective and is therefore to be 
recommended when the best possible approximation to free space 
measurements is sought without resorting to outdoor measurements, 
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Fic. 8. Response-frequency characteristic of 115 cycle cut-off exponential horn with moving coil 
type receiver. Measured in highly absorbing room 12 feet from horn mouth with rotating con- 
denser transmitter. 


There is no fundamental objection to the use of meters of the class 
described, except that meters which read amplitude from the peak 
of the wave, are not satisfactory when strong harmonics are present. 


Movinc MICROPHONE SYSTEM 





As usually carried out, this system calls for a turntable which carries 
the microphone around a circle of at least six feet diameter, making 


a revolution in from one to two seconds. By a special arrangement 
the microphone is kept pointed always in the same direction, and no 
sliding contacts are required in the circuit, since no twist is put into 
the flexible cable. If the output of the microphone amplifier is read on 
a sluggish meter of a thermal type, the reading will be proportional 
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to the square of the root of the average square of the sound pressure. 
The circle should be large enough to give a good average for the longest 
waves. This system not only averages out the standing wave irregulari- 
ties but also gives an average of the direct sound through out a con- 
siderable angle. This would appear in general to be desirable, in that 
if the speaker has any very sharp directivity, the curve will tell not 
what the listener, at a specified position with respect to the speaker, 
would hear on the average (averaging out room effects) but gives an 
average of what would be heard at the different positions at which 
listeners would be likely to sit. 

The rotating microphone system is described briefly by L. J. Bost- 
wick in the paper already referred to, and comparisons are given 
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Fic. 9. Response-frequency characteristics of 314" piston diaphragm loud speaker, meas- 
ured in highly absorbing room 12 feet from diaphragm with rotating condenser transmitter. 


between the response-frequency curve obtained with this arrangement, 
and out of doors. Figs. 8 and 9 taken from Mr. Bostwick’s papers 
show this comparison. The increase of low frequency radiation shown 
by the indoor test is especially noticeable on the horn and is attributable 
to the fact that the horn is strongly directive at high frequency, and 
much less so at low frequency. Indoors the low frequency sound radi- 
ated in other directions reaches the microphone by reflection, and this 
is not true out of doors. A speaker with little directivity at any fre- 
quency shows much less difference between the indoor and outdoor 
curves, as seen from Fig. 10, which is also reproduced from Mr. Bost- 
wick’s paper. 

When using a rotating microphone, false indications may be given 
as a result of wind against the diaphragm. Mounting the microphone 
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in a stream-lined “bullet” is helpful and gauze wind shields may be 
used. If a tuning is employed between microphone and meter, or q 
high pass as well as a low pass filter employed, the effect of wind jg 
practically eliminated. Wind effects go down very rapidly as the speed 
is reduced. A well designed and built turntable and driving system jg 
also necessary in order that it shall produce no noise comparable ip 
magnitude with that to be measured. 

Swinging the loudspeaker with the microphone stationary is not 
acoustically equivalent to swinging the microphone. For example, the 
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Fic. 10. Response-frequency characteristics of 115 cycle cut-off exponential horn with moving 
coil type receiver. Measured outdoors 12 feet from horn mouth at the specified angles with the 
axis. 


former would have little effect on the interference between the direct 
sound and that reflected from the wall behind the microphone. 
Placing the microphone at a reflecting surface offers some advantages 
and is not incompatible with the principle of the swinging microphone. 
For example, if the microphone is placed in a moderate sized baffle 
and this caused to move in its own plane, very close to a hard wall, 
the reflections would be practically the same as though the microphone 
were mounted flush with the wall, while the desired averaging is ac- 
complished by the movements. The mechanism required would not be 
any more cumbersome than that used for the usual swinging micro- 
phone system, and windage effects would probably be somewhat less. 
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WARBLE METHOD 


This system is based on the assumption that the peaks and valleys 
in the true loud speaker response-frequency curve are much broader 
than those due to standing waves in the room, and that the frequency 
can be varied sufficiently above and below a given value to average 
out the standing wave effects, without at the same time averaging 
out the variations in actual response. The legitimacy of such an as- 
sumption depends on the loud speaker being tested, on the size of the 
room and other factors which affect the standing wave pattern. The less 
abrupt the changes in loud speaker output, the smaller will be the errors 
due to warbling, and the larger the room the smaller are the frequency 
variations required to average out the interference effects. The most 
questionable condition arises in making measurements at low fre- 
quency. For illustration, consider the case of interference between 
direct waves and waves reflected from a wall ten feet away, the wave 
length being ten feet or the frequency approximately 100 cycles. The 
difference in travel is twenty feet or two whole wave lengths, so that 
pressures would add. In order to reach the condition of direct subtrac- 
tion of pressures, the frequency would have to be raised until twenty 
feet corresponded to two and one half wave lengths. This would be 
with an eight foot wave or 125 cycles. A two and one half foot move- 
ment of the microphone in a direction toward or away from the wall, 
would give an equal averaging effect. In a room of such size that the 
microphone might easily be ten feet from the wall, some of the inter- 
ferences would be between waves whose paths differed by less than the 
twenty feet used in the illustration and other interferences would be 
between waves with greater difference in travel and therefore requiring 
smaller frequency change to average out their interference, but it is 
hardly safe to make any assumption other than that the first reflections 
will predominate, and therefore that large relative frequency changes 
will be required when measuring low frequency response. A twenty 
five percent change in frequency would probably be broad enough to 
smooth out some of the loud speaker irregularities. The general ex- 
pectations then would be that at low frequency the warbling system 
is likely to underestimate variations in loud speaker response, and to 
indicate irregularities which are not due to the loud speaker. The situa- 
tion improves rapidly as the frequency is raised, the required warbling 
range being about the same number of cycles per second whatever the 
mean frequency. In practice, at high frequency, the warbling range 
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would be increased to more completely smooth out the room effects 
while still being kept within a percentage which is small compared 
with the width of a peak or valley in the response curve. 

To secure reliable results at the low frequency end of the scale, carefy 
checks on the system should be made, by selecting certain loud speakers 
which are typical of the kinds to be tested, (especially with respect to 
low frequency cabinet and diaphragm resonances) and taking a series 
of response curves for each speaker, with the microphone and speaker 
moved to different locations but kept the same distance apart. The 
average of these curves, if a sufficient number are taken, will show the 
actual response, from which the safe warbling range can be estimated, 
while the curves individually, compared with the average curve yill 
show the interference “saw teeth,” from which the necessary range of 
warbling can be estimated. If the necessary range exceeds the safe 
range, a larger room must be found or conditions improved otherwise | 
or else the warbling system must be abandoned except for the upper 
frequency range. 

It will probably be found that the use of a fairly lively room tends 
to reduce the necessary warble range, and of course the larger the 
room, the better. Placing the microphone against one wall (preferably 
a highly reflecting surface so that full pressure doubling may be 
counted on) by practically eliminating one echo and generally the 
strongest one, makes it easier to control the remaining echoes. The 
most favorable arrangement is to place the microphone near the middle 
of the largest bounding surface (probably the floor) with the loud 
speaker directed toward it, since this gives the longest paths for the 
reflected sound, and therefore facilitates getting maximum difference 
in the paths If several echoes, combined in phase, are weak compared 
with the direct sound,there would be no objection to their all having the 
same path length, since the averaging is not made any more difficult 
by such a condition. 
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RAPID FREQUENCY CHANGE METHOD 


The paper by Wolff and Ringel, already mentioned, describes a 
method of averaging the interference effects. A beat frequency oscilla- 
tor is employed which gives a continuously variable frequency, and a 
moderately sluggish meter is used. The entire audio range is covered 
in about one minute. The result of going through the scale at this rate 
is that the sound pressure fluctuations due to interference occur so 
rapidly that the meter cannot follow, whereas the variations in loud 
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speaker output, which occurs more slowly, are recorded in practically 
their full magnitude. This method lends itself well to rapid work, 
arrangements being described by which the curve of sound pressure 
vs frequency is complete as soon as the oscillator has reached the highest 
frequency. The rapid change method might be compared to the warble 
method, except that the frequency change is all in one direction. One 
might expect that all of the loud speaker resonance peaks would be 
displaced toward the high frequency end of the scale, if the curve is 
taken with rising frequency, but the curves shown by the authors, 
comparing measurements taken with rapid and slow frequency change, 
indicate that this effect is not sufficient to give serious error. In any 
case it is easily checked by going through the frequency scale in the 
reverse direction. 

The rapid change method has the same limitations as the warble 
method. The difficulties center about the same problem, namely dis- 
tinguishing between pressure variations due to interference patterns 
and those due to the loud speaker, when the frequency is low. The same 
acoustic conditions which are favorable in the warbling system are also 
favorable in the rapid change method, and the same checks should be 
made to determine the degree of reliability of the low frequency end of 
the response curve. The only difference is that instead of comparing the 
frequency range covered by the warble with the breadth of the peaks 
and valleys (as they would appear on a curve taken slowly) due to the 
two causes, these breadths are translated into terms of duration, and 
are compared with the time constant of the meter. 


CLosE Up TEstTs 


The avoidance of appreciable standing wave effects, and the advan- 
tages and ease of working where the sound pressures are high, have 
resulted in close up tests being widely used. They give curves which 
evidently bear some relation to the loud speaker output, but which 
usually differ somewhat from those taken with the microphone at 
greater distance. It has been pointed out that radiation in any given 
direction cannot be accurately measured unless the microphone is at 
least a certain distance away. But since the close up tests are generally 
used to give a single response curve for the speaker and not for direc- 
tivity, this is not necessarily a criticism. If the close up test does not 
indicate radiation in a specific direction, does it give an indication of 
radiation in a general direction or of total radiation, and are there 
any errors it is likely to introduce? 
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At a considerable distance from any sound source the familiar inverse 
square law for energy density holds. Since the energy density varies 
as the square of the pressure or velocity, both the pressure and velocity 
vary inversely as the distance from the source. The total flow of air 
across a spherical surface would be the product of the area of that 
surface and the particle velocity at that distance from the source and 
since the area varies as the square of the distance, while velocity varies 
as the inverse first power, the total flow is directly proportional to dis- 
tance from the source.* Equations developed by Rayleigh (Theory of 


TOTAL FLOW OF AIR 





DISTANCE FROM CENTER 


Fic. 11. Relation between total movement of air and distance from a small source of sound. 





Sound, Vol II, Section 280) an abstract of which is given in the Appen- 
dix, show that close to a point source, or a source small compared with 
the wave length, these relations cease to hold, the total flow becoming 
practically independent of distance. The relationship is shown in Fig. 
11. The product of pressure and flow increases as the source is ap- 
proached, but as the power transmitted is constant, the phase angle 
between pressure and velocity gets larger and larger. With a large 
movement of air which represents no power radiated is there danger of 


* This relationship is the basis of a very simple picture of the action of a horn as a “trans- 
former.” The walls of a conical horn may be thought of as simply isolating a certain solid 
angle from a complete spherical wave. If the large end of the horn is times as far from the 
vertex as the small end, the power delivered to the small end will be the product of the pressure 
P, and the total flow B, (velocity times area), while the large end delivers power to the space 
beyond at a reduced pressure P;=P;/n and an increased volumetric flow B,= Bn. This as- 
sumes no reflections at the bell and is subject to the further proviso that the small end is 
considerably more than 1/27 wave length from the vertex. 
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a false indication, and an over-estimate of radiation, if the microphone 
is placed within a fraction of a wave length of the source? Referring 
again to the equations, it is found that the pressure follows the simple 
inverse distance law right up to the source. Therefore if the microphone 
is affected by pressure only and is unaffected by the flow of air past it, 
no error would result from placing it close to the source. On the other 
hand a measuring device depending on the velocity of movement of 
the air around it would give an entirely false indication. The error 
would take the form of an over-estimate of the low frequency radiation, 
since it is only for low frequency sounds that the distance from the 
source would be small compared with 1/27 wave lengths. It is within 
this distance that the out-of-phase component of motion exceeds the 
in-phase component. With a pressure device such as the condenser 
transmitter, and within distances which would be likely to be used, 
the danger of error from the excess air flow may probably be dismissed, 
provided the loud speaker is of the single source type, to which these 
equations apply. 

If, on the other hand, the loud speaker radiates from both sides of 
its diaphragm, and is therefore a double source, both the pressure and 
velocity depart from the inverse distance relation as the source is ap- 
approached. The relation is shown at least qualitatively by the analysis 
of radiation from a sphere vibrating to and fro, as given in “ Dynamical 
Theory of Sound” by Horace Lamb, Section 77. It is there shown that 
while at considerable distances the pressure varies inversely as the dis- 
tance, another component of pressure, varying inversely as the square 
of the distance, predominates at distances within 1/27 wave lengths 
from the center of the sphere. The velocity has components varying 
inversely as the first power, square and cube of the distance. Therefore 
any sound measuring device, whether depending on pressure or velocity, 
would give false indicatons of radiation when placed close to a double 
source. A baffle type speaker should be considered to be a double 
source in the sense considered here, if the distance from the front to 
the back of the diaphragm measured around the edge of the baffle, is 
less than about a half wave length. For higher frequencies the inverse 
distance relation should hold, but some interference effects are to be 
expected from sound radiated in opposite phase by the back of the dia- 
phragm and diffracted around the edges of the baffle. Any error due to 
such interference is not made worse by placing the microphone close 
to the loudspeaker. 

From a purely theoretical point of view then, it may be said that 
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departures from the inverse distance law for sound pressure do not pre- 
sent any serious difficulties. Even in the case of a double source, the 
inverse distance relation holds approximately to within 1/27 waye 
lengths from the source. If the microphone were placed two feet from 
the effective center of radiation, measurements would be good down to 
about 80 cycles. 

Some light is thrown on the significance of close up measurements 
by a consideration of the case in which the apparent center of radiation 
is different for different frequencies. Fig 6 illustrates such a condition 
in the case of a horn but a similar situation exists with other types of 
speakers. For example, in the case of a cone in the front wall of a prac- 
tically closed cabinet, the lowest frequency tones are radiated in all 
directions, while through an intermediate range, the front wall prac- 
tically restricts the radiation to the region in front of the speaker, and 
at high frequency the diaphragm itself is directive and produces a sharp 
beam. The case illustrated in Fig. 6 is best adapted to discussion. At 
low frequency, the shape of the wave front is very nearly what it would 
be if there were a point source at X, and the rate of divergence of the 
flow lines at the microphone M is the same as would result from a point 
source at X. On the other hand, short waves are directed by the horn 
walls, and their effective center is at 0. Let us suppose that the two 
waves are of such strengths that they radiate equal amounts of power 
per unit of solid angle, or in other words, that at a large distance they 
produce equal sound pressures. If M is say one foot from X and three 
feet from O, the low frequency wave will produce three times as much 
pressure at the microphone as the high frequency wave. It would thus 
be credited on the response curve with nine times the power of the high 
frequency wave, and this is in fact not far from the true power ratio, 
not because the low frequency sound has any greater radiation per unit 
solid angle within the beam but because it radiates into a much larger 
solid angle. 

In so far as the case used for illustration is representative, we may 
conclude that the close up test gives a response curve in which the sound 
pressures are “weighted” in some relation to the solid agles into which 
the radiation takes place or to express it differently, the response curve 
is a mixture of radiation in the direction of the microphone and total 
radiation. The proportions of the mixture can be altered by changing 
the microphone distance. Thus, if the microphone were placed two 
feet from X in Fig. 6, the pressure ratio would drop to two to one, and 
the low frequency sound would be credited with only four times the 





[Ocr,, 


ot pre- 
ce, the 
" Wave 
t from 
Own to 


ements 
diation 
idition 
ypes of 
a prac- 
in all 
| prac- 
sr, and 
. sharp 
m. At 
would 
of the 
| point 
e horn 
ne two 
power 
e they 
1 three 
; much 
d thus 
1e high 
ratio, 
er unit 
larger 


e may 
sound 
which 


> curve 
d total 
anging 
-d two 
e, and 
es the 








1930] EDWARD W. KELLOGG 189 


power of the other. As the distance is further increased, the measured 
characteristic approaches still closer to the actual radiation in a given 
direction. This combination of the direct and general radiation into one 
measurement is not entirely objectionable. In fact the listener prac- 
tically always hears a combination of the two. The principal critism 
is that the formula for the mixture is not definable nor exactly known; 
but to offset this there is no way of taking a response-frequency curve 
which gives more consistant or readily reproducable results. 

It is suggested by Wolff and Ringel that with loud speakers which 
have considerable radiation to the rear, especially if this differs ma- 
terially from the forward radiation, as is true for example when there 
is cabinet resonance, two close up curves should be taken, one with 
the microphone in front and one with it behind the speaker. Properly 
interpreted these curves would give a much better idea of the perform- 
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Fic. 12. Arrangements for reading weighted average of responses. 


ance of the loud speaker than one alone, but for many purposes it 
is desirable to place less dependence on the knowledge of the interpreter 
and to assist him to get an overall picture of the performance. Is a 
simple average of the two measurements logical? The effect of the back- 
ward radiation on what the listeners hears is small unless there are some 
resonances or causes of especially strong response at certain frequencies. 
But addition of the curves gives a combined curve in which the same 
is true, especially if instead of adding pressures, the squares of the 
pressures (which better represent energy present) are added. This is 
easily done if current squared meters are used. If two microphone and 
amplifier systems of sufficiently nearly identical calibrations are avail- 
able, the arrangement shown in Fig. 12 may be used to add the squares 
of the pressures and the meter scale can be so divided as to read the 
square root of the sum of the squares, which will be necessary if the 
final curve is to be in terms of sound pressure. The relative sensitivity 
of the two thermo-couples determines the relative weighting of front 
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and back measurements. A weighted average appears logical, favoring 
the front curve by as much as two to one. While this ratio is perfectly 
arbitrary, so also is a one to one ratio. There is not much in close up 
testing which can be defended on theoretical grounds, but if experience 
and checks show that it can be made to give curves which are depend- 
able indices of the quality of the speaker, its simplicity will cause it 
to be widely used. 


MEASUREMENTS OF TOTAL OUTPUT 


If enough free space measurements are made to determine, without 
serious error, the radiation in all directions, the total output can be 
calculated. Such a method, however, is extremely laborious, especially 
since the information sought is usually output as a function of fre- 
quency, which would require a large number of determinations. 

Motional impedance provides means of determining total output of 
a loud speaker, provided there are no appreciable mechanical or acous- 
tical energy losses, such as mechanical hysteresis in the diaphragm or 
its suspension, sound absorption by objects or materials within the 
cabinet, or air friction losses at the walls of a horn. There are many 
instances in which these losses are either absent or small enough to 
neglect. The motional impedance method has been very thoroughly 
developed and explained by Kennelly.’° It is especially suitable to 
measurements on instruments of relatively high efficiency, for the ac- 
curacy of the method increases rapidly with efficiency. 

In the discussion of the indoor response measurements, it was pointed 
out that echoes from the walls caused the microphone to be affected 
by all the radiation from the loud speaker, whatever its original direc- 
tion. By carrying this to an extreme and making the tests in a room 
with highly reflecting walls, the integrated general radiation can be 
made to become the principal factor in the sound pressure at the micro- 
phone, the direct beam being of secondary importance, so that the 
reading becomes practically independent of the direction in which the 
loud speaker is pointed. The use of a room with highly reflecting walls 
for the purpose of integrating the sound output is analagous to the inte- 
grating photometer. The more nearly perfect the reflection at the walls 
the more completely is the energy mixed and distributed throughout 
the enclosure. A room having a reverberation time of six seconds or 
more is desirable. In such a room the mean energy density when a tone 
has continued for even so short a period as a tenth of a second will 


1 A, E. Kennelly—‘“Electrical Vibration Instruments.” 
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greatly exceed that due to sound coming direct from the speaker. A 
source of sound at the center would fill a space twenty feet across in 
about one hundredth of a second. In a tenth of a second, it would have 
filled a room of equivalent volume ten times over, and the sound ra- 
diated during the first hundredth second would still have 90 percent 
of its initial energy. Since the total energy at the microphone in this 
case is made up of waves which have travelled long distances and whose 
path lengths differ by many wave lengths even at low frequency, the 
standing wave pattern is extremely sensitive to changes in frequency, 
and averaging can be accomplished by warbling through a small range 
or by employing a continuously changing frequency. 

The pattern also shifts rapidly during the period of growth or decay 
of sound in the room, and this suggests another method of averaging 
which might be designated as the “toot” method. If the speaker is 
switched on for a tenth of a second only, a medium sized room would 
have been filled with sound something like ten times. Since no indivi- 
dual echo can last more than a tenth of a second, the pattern would 
necessarily be radically changed every tenth second. If the reverbera- 
tion times is six seconds, the energy would fall in the ratio of the square 
root of ten or to about a third of the initial value in a half second. After 
this it would be time to start a new “toot” for the residual sound from 
the previous one would have little effect on the meter. Such a cycle 
assures at least five complete changes in the wave pattern. There is 
little doubt that the ratio of on to off time could be considerably 
increased, say to a quarter second on and a quarter second off, with- 
out sacrificing the fairness of the averages obtained. 

Whether warbling, continuous change or on and off system is used, 
the mean sound energy density at the microphone will vary inversely 
as the total absorption in the room. It is therefore necessary that the 
absorption be known if the total output of the speaker is to be cal- 
culated. It is also desirable that the absorption be the same for all 
frequencies, in order that the readings may give the response frequency 
characteristic, without the necessity of applying corrections. The 
most promising way of obtaining uniform absorption is probably to 
reduce all absorption within the room to a minimum and to provide 
an opening of suitable size into an adjacent chamber sufficiently well 
damped so that practically nothing comes back. If the sound loss 
through this “black hole” exceeds all the other losses, it will go far 
toward straightening out the absorption-frequency characteristic of the 
room. Equalization by applying corrective absorption might also be 
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desirable. One of the most effective ways of bringing up the losses at 
low frequency, without at the same time materially increasing the high 
frequency loss is to cover a “black hole” with a non-porous and non- 
resonating material of suitable weight, or in other words to transmit 
the sound through a partition of suitable weight and proportions, and 
to absorb what is transmitted on the other side. Fortunately, measure- 
ments of absorption are easy in rooms of long reverberation time, and 
a fairly dependable calibration of the room can be made with the stop 

watch system of observing reverbration. 
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Fic. 13. Comparison of Response Curves with Microphone Close to Loudspeaker and Across Room 
Loudspeaker used,—8" cone in 22" X22" baffie. 
Solid line,—response with microphone on revolving stand. 
Dotted line,—response with microphone stationary at 24" distance from speaker. 


EXPERIMENTAL RESULTS 


The investigation reported here consists in a series of tests made by 
Dr. H. R. Voorhees* and the writer to compare the results of close up 
measurements of loud speaker response with those taken with the mi- 
crophone at greater distance. For the latter a rotating stand was used 
which carried the microphone around a circle six feet in diameter, in- 
clined about 30° to the horizontal. The room in which the tests were 
made is the “sound proofed” room at the General Electric Research 


* Now of RCA Victor Co. Camden, N. J. 
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Fic. 14. Comparison of Response Curves with Microphone Close to Loudspeaker and Across Room 
Loudspeaker used,—8”" cone in 48" X48" baffle. 
Solid line,—response with microphone on revolving stand at average distance of 198". 
Dottedline,—res ponse with microphone stationary at 24" distance on axis of cone. 
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Fic. 15. Comparison of Response Curves with Microphone at Distance and Close of Loudspeaker 
Loudspeaker used,—8" cone with straight axis horn, having 28" X54" opening. 
Solid line,—response with microphone on revolving stand at average distance of ten feet. 
Dotted line,—response with microphone stationary and 24” from center of opening. 
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Laboratory at Schenectady. While no measurements of room absorp- 
tion were made which were regarded as reliable, the absorption over 
the entire frequency range is thought to be unusually high compared 
with most rooms used for such purposes. The size is 18 by 28 ft. by 
10 feet high, approximately. Walls and ceiling are double, a box within 
a box, without any solid connections. The outer structure consists of 
a layer of 1” balsam wool and two of 7/16” masonite with about 1" 
spaces between, with an 18” stud spacing. The inner structure has a 
layer of balsam wool inside, a 2” space and a layer of masonite, on studs 
spaced 24 inches. Measurements published by Wente"™ show high ab- 
sorption for such multi-layer structures, the absorption holding up 
very well in the low frequency range. The space between floorbeams js 
filled with loose soft coal cinders, an except around the edges they 
were left uncovered in order to reduce floor reflections. The cinders 
also served to reduce transmission of outside sound by adding mass, the 
entire structure being carried on a cushion support. The room size 
and construction is given in this much detail for the bearing it may 
have on the measurement results. 

Three loudspeakers were used in the texts, an 8” coil-driven cone ina 
flat baffle, 22” 22”, an 8” cone in a 48” X48” baffle and a speaker em- 
ploying a straight axis horn with an opening 28” X54”. 

Figs. 13, 14 and 15 show the comparison between the response as 
measured with the microphone on the revolving stand and stationary 
at 24” from the center of the cone. No differences of sufficient magni- 
tude to be significant appear. Some irregularities in the curves of Figs. 
14 and 15 below 400 cycles are not the same with the two methods. 
This may be due to imperfect averaging of standing waves by the re- 
volving stand or to reflections from the edges of the baffle or horn in 
the case of the 24” distance. It will be noticed that with the curves 
about matched for average response at lower frequencies, the baffle 
type speakers show two to three db more response above 1500 cycles 
with the stationary microphone than with the revolving microphone. 
In the case of the horn, the close up microphone indicates slightly more 
low frequency response and less high than the revolving microphone. 
These differences might be explained by some of the factors previously 
discussed, but it is not the differences but the similarities of the curves 
which are striking and significant. The differences are almost within 
the limits of reproducability of any of the curves. The similarity means 


11 E. C. Wente—Bell System Technical Journal, Vol. 7, Jan. 1928. 
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Fic. 16. Excess Response At Low Frequency Due to Placing Microphone Close to Loudspeaker 
Loudspeaker used,—8" cone in 22" X22" baffle. 
Solid line,—response with microphone 24" from center of cone. 
Dotted line,—response with microphone 12" from center of cone. 
Dashed line,—response with microphone 6” from center of cone. 
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Fic. 17. Effect of Placing Microphone Close to Loudspeaker 
Loudspeaker used,—8" cone in 48" X48" baffle. 

Solid line,—response with microphone 24” from center of cone. 
Dotted line,—response with microphone 6" from center of cone. 
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that the two methods give practically identical results, at least if the 
room has high absorption and in so far as the question can be answered 
with a very limited number of tests. 

Figs. 16 and 17 show the results of tests to ascertain the magnitude 
of the excess pressure registered when the microphone is placed within 
a small fraction of a wave length from a double source, which was pre- 
dicted from the theory given in Lamb’s “Dynamical Theory of Sound,” 
With the 22” X22” baffle, a pronounced effect probably due to this 
cause is evident. With the 48” X48” baffle the speaker acts as a double 
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Fic. 18. Effect of Swinging Microphone Through Small Arc 
Loudspeaker used,—8&”" cone in 48" X48" baffle. 
Solid line,—response with microphone stationary 6" from center of cone, and on axis of cone. 
Dotted line,—response with microphone swinging through 6” arc parallel to baffle and 6” from 
plane of baffle. 


source only for very long waves. No evidence which can be presented 
with any confidence appears in Fig. 17, but it may be that the excess 
pressure below 100 cycles registered by the microphone at six inches 
is due to the double source effect. 

At frequencies at which thé diaphragm is of the order of a wave 
length or more in diameter, it would be expected that diffraction effects 
would produce irregularities in response at one microphone position 

which would not be duplicated at a slightly different position. Diffrac- 
tion effects from the baffle edges, or the edges of the horn would also 
be expected. An averaging by moving the microphone during the read- 
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1930] 
ing would reduce any irregularities in the response-frequency curve 
due to diffraction. A number of tests were made to find whether such 
an effect was present in appreciable magnitude. In each test the micro- 
phone was swung in a plane parallel to the baffle or horn mouth, through 
an arc of length about equal to its distance from the baffle or horn 
mouth. Comparisons were made between Swinging and stationary mi- 
crophone at 6”, 12” and 24” distance with the 48” by 48” baffle, and 
comparisions at 24” with two samples of horn units. The curves taken 
with swinging microphone showed in general about the same number 
and magnitude of peaks at high frequency as those taken with station- 
ary microphone, the principal difference being that in the case of the 
baffle speaker the curves taken with the oscillating microphone fell 
about 2 db below those taken with the stationary microphone in the 
1500 to 4000 cycle range, and in the case of the horn the curve with 
the oscillating microphone averaged about 2 db above in the same range. 
Fig. 18 shows one of the comparisons which is typical. The differences 
are too small to have any significance and the conclusion was that no 
irregularities due to diffraction patterns could be found in sufficient 
magnitude to be of any concern. 

Any erratic factors in the measuring system would tend to make 
successive measurements differ, rather than be alike. The close simi- 
larity in the curves of each figure therefore gives reason for placing 
confidence in them. Credit for the excellence of the measuring system 
is due to Dr. Voorhees, who ran down sources of possible error with 
great care. 

In some of the comparisons it was necessary to raise the loud speaker 
input when the microphone was farther away. Tests for linearity of 
response were made before concluding that this was allowable. 

It was intended to repeat the comparisons in a room of less absorp- 
tion and also to make comparisons between indoor and outdoor meas- 
urements, but the work had to be discontinued before the program 
was near complete. 


ADDITIONAL DATA NEEDED 


In order that loud speaker testing may be placed on a basis of more 
definite knowledge, it is essential that more experimental data be avail- 
able, especially in the form of comparisons between measurements taken 
under different acoustic conditions. 

Those who have made measurements in the past have been prone to 
adopt certain methods and justify them by argument alone. Our theore- 
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tical knowledge has not yet reached the point where we can safely dis. 
pense with experiment checks and when advocating or using any 
method, it should be checked experimentally against some other me. 
thod, especially if any other method is more generally recognized o 
understood or has any presumptions in its favor. 

Probably the most important question is the significance and de. 
pendability of close up curves, and the limitations to their use, and 
many more comparisons between close up and other testing arrange. 
ments are needed. 

Next in importance is probably the working out of satisfactory and 
reasonably convenient methods of taking free space sound pressure 
measurements. Checks on the results obtained indors, using any of 
the possible schemes to eliminate errors from echoes and using outdoor 
tests with adequate echo precautions as a basis of comparison are highly 
desirable. Tests of the various expedients for elimnating ground echo 
errors are also needed, and evidence as to the safety or otherwise, of 
assuming that ground echo is a constant factor in taking horizintal 
directivity curves. 

More information is needed on the acoustic properties of living rooms, 
to ascertain whether differences are so large that an average has no 
significance, or whether a large proportion fall within limits which 
can be approached by an average, and what this average is. Com- 
parisons of response curves obtained in representative living rooms 
(with saw teeth averaged out by some reliable method) with those 
obtained in the usual sound proofed test rooms, are needed. Much 
information has been collected on the acoustic properties of theatres 
but the prediction of what a person at a given position in a theatre 
or auditorium will hear is far from being on a definite basis, and response 
tests in the theatre, coupled with detailed information on the charac- 
teristics of the loud speaker and of the auditorium would be of great 
interest. 
APPENDIX 


PRESSURE AND VELOCITY IN THE NEIGHBORHOOD OF 
SMALL SIMPLE SOURCE 
Reference Rayleigh, “Theory of Sound,” Vol. II, p. 112, §280. 
If the rate of displacement at the source is A cos k at the velocity po- 
tantial is given in equation (1) of §280 as: 





A 
@ = —— cos k(at — r) (1) 
4rr 
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in which r is the distance from the center, k = 2n/d =2rf/a and a is the 
velocity of sound. 
The particle velocity is: 
06 A(cosk(at—r) ksin k(at — 1) 
or P at 1d \ 





72 . r 


which shows two components, one varyng as 1/r and one as 1/r?. 
The two are equal when r=1/k=X/2r. 
With large values of r the component which varies as 1/r? becomes 


relatively negligible. 
The total movement of air across a spherical surface of radius r is 


dg 
— = A}cos k(at — r) — krsin k(at — r)} 
the magnitude of which becomes practically independent of r when r 
is materially less than 1/2. 

The sound wave pressure is given by —p» -0¢/dt in which po-is the 
density of the medium. 


Aka 
Pressure = — po 
dar 





sin k(at — r), 
the magnitude of which varies simply as 1/r. 


VARIATION OF PRESSURE WITH DISTANCE IN NEIGH- 
BORHOOD OF VIBRATING SPHERE 
Reference:—Horace Lamb “Dynamical Theory of Sound” §77. 

A sphere of radius a is assumed to vibrate through an amplitude A 
at a frequency m/27, or with a velocity U =Aei™, in which i=-/—1 
and ¢ is the base of natural logarithms. 

From equations (13) and (14) of §77 the velocity potential at a dis- 
tance r from the center is found to be:-— 


a®A 8 /e-ikr\ 
@=s-— — ) est cos 0 


r 





in which k =27/d. 
Carrying out the indicated differentiation with respect to r gives: 


aA 1 tk\ - 
o = —etr| — + =). cos 9. 
2 r 


r- 
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The pressure above or below mean atmospheric is shown in §§68_ ¢9 
to be proportional to 0/dt, being equal to po -0/dt where po - is the meay 
density. 

Differentiating the above expression for ¢ with respect to ¢ gives: 


dd 8 6— aA 1 ik\ | natA / i k\ 
—_— = — nies oS talaed e'"* cos 6 = oe =) ce (nt—kr) age 9 


r? r 2 \r? r 





from which it is seen that there are two components of pressure, jn 
quadrature relation to each other, one varying as 1/r and the other as 
1/r?. The two components are equal when r=1/k=)/2r. If r<)/2r. 
the component which varies as 1/r? predominates, while for large dis. 
tances from the center this term becomes relatively unimportant and the 
pressure varies substantially as 1/r. 

The radial and tangential components of particle velocity are given 
by the space rates of change of ¢, or by 0¢/dr and 1/r -0¢/080 respec- 
tively. 
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DIRECTIONAL RADIATION OF SOUND 


IrvING WotrFr, RCA Victor Co., 
AND 
Louts MALTER, RCA Photophone 


INTRODUCTION 


The chief factors which are a measure of the performance of loud 
speakers or combinations of loud speakers are: 
1. Frequency range. 

Unisformity of response. 
Directional characteristics. 
Efficiency. 

. Power handling capacity. 

The greater part of the literature, which has been published in the 
English language on the subject of loud speakers, has been concerned 
with the frequency response or the efficiency. The directional char- 
acteristics have received very little attention as such, although a cer- 
tain amount of the literature, which has been published on radiation 
from antennas!:? and on optical diffraction phenomena*? may, with 
proper interpretation, be adopted to the acoustical effects which take 
place when sound is radiated from a loud speaker or a combination of 
loud speakers. 

With this apology, we are, therefore, going to proceed to develop 
for acoustical purposes a certain amount of work which has already 
appeared in the above mentioned sources, as well as some new work, 
which is particularly applicable to the acoustical problems, so that a 
rather complete source for this subject may be made available to those 
interested. Additional derivations and sources, may be found in the 
various references. 

In the following discussion of the directional characteristics of sound 
radiating systems, we shall proceed by first investigating the char- 
acteristics which a sound source should have in order to give the most 
satisfactory results under its conditions of use. As will be made clear 
below, the directional requirements for a loud speaker to be used in the 


1 Foster—Directive Diagrams of Antenna Arrays, Bell System Technical Journal, April 
1926. 


* Greshy—Richtcharacteristik von antennencombination, Zeitschrift fur Hochfrequenz- 
technik, Oct. and Nov. 1929. 
* Drude—Theory of Optics. Chapters on Interference and Diffraction. 
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home are not the same as for one to be used in a theatre. The direction] 
characteristics of various types and combinations of point, line and gyr. 
face sources will be discussed in terms of the results obtained on q 
theoretical basis. The derivation of the results are carried thru for q 
number of typical cases in the appendix. The actual characteristics 
of various experimental and commercial sound sources will be compared 
and checked with the corresponding theoretical derivations, and will 
be discussed from a standpoint of the ideal characteristics which were 
proposed at the beginning of the discussion. 


It is interesting to note that from a wave standpoint the radiation 
of sound at audible frequencies includes the same type of phenomena 
as diffraction in optics, and the radiation and reception of the electro- 
magnetic waves used in communication and broadcasting. The results 
which are obtained in one field may be of either theoretical or experi- 
mental aid in any of the others. We may also point out that a con- 
siderable portion of this discussion may be of use in determining the 
directional pickup of sound, when receiving apparatus, having the same 
relative characteristics as that of the sound sources, which are discussed, 
is substituted for them. 


Loup SPEAKER DIRECTIONAL CHARACTERISTIC REQUIREMENTS 


For loud speakers to be used in small rooms, home use, a non-direc- 
tional characteristic at all frequencies is to be desired. The listener 
is almost always close to the set, and sound absorption of objects in 
the room is usually high, so that the direct sound reaching the listener 
is of most importance. 


Curves will be given below showing to what extent some of the loud 
speakers commonly used in radio sets satisfy these requirements. 


Requirements for loud speakers which are used in auditoriums are 
more complex and difficult to satisfy. It is rather common opinion," § 
that an auditorium in which speech is reproduced on loud speakers 
should have a lower reverberation period than one which is used for 
direct talking. This is due to the normally higher sound level of the 
mechanical reproduction, the large amount of power available, and 
the fact that a certain amount of reverberation has already been intro- 
duced in the recording. We are in agreement with Watson‘ that opti- 

*S. K. Wolf, Proc. S.M.P.E.—14, 151, 1930. 


6 E. W. Kellogge—Proc. S.M.P.E.—14, 96, 1930. 
¢ F, R. Watson—Science—67, 335, 1928. 
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mum conditions, at least for mechanical and electrical reproduction of 
speech, are obtained with equivalent outdoor conditions. 

The reverberation time of an auditorium is usually defined in terms 
of an initial uniform or at least random distribution of sound energy. 
When the sound issues from loud speakers, it is probably fairer to meas- 
ure an effective reverberation time in terms of an initial intensity, which is 
expressed in terms of the sound energy due to direct radiation from the 
loud speakers, plus the random sound energy, rather than in terms of an 
average uniform pressure throughout the auditorium. If the sound 
energy radiated from the loud speakers is directed in a beam towards the 
audience the effective reverberation is less than reverberation as usually 
defined; if it is directed away from the audience the effective reverbera- 
tion time is greater. When the beam is not uniformly distributed, the 
audience in the stronger parts of the beam is conscious of the shortened 
effective reverberation. Therefore, if minimum effective reverberation 
is to be attained in any auditorium, we reach the conclusion that all 
sound energy should be directed so as to strike the audience before 
reflection from any other surface. From the standpoint of the effective 
efficiency of loud speakers to be used outdoors, this is also quite evi- 
dently the logical requirement. 

If the sound radiation is taking place from a vibrating diaphragm 
or diaphragms, the directional characteristics are determined by the 
shape, size and relative positions of the diaphragms, the velocity dis- 
tribution over their surfaces, and upon the distribution and configuration 
of whatever constraints there may be in the neighborhood of the vibrat- 
ing surfaces such as baffles or enclosures. When sound is radiated from 
a horn or horns, the directional characteristics are determined almost 
entirely by the shape and size of the emerging waves and upon the 
intensity distribution over the horn mouth. 


THEORETICAL RESULTS 


In considering the types of possible radiators we will proceed from 
the simple to the complex in the following order: 


1. Point source. 

. Systems of point sources. 
. Line sources with uniform velocity distribution. 

. Line sources with non-uniform velocity distribution. 
. Curved line sources. 

. Plane surface sources—arbitrary distribution. 


2 
3 
4 
5 
6 
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The consideration is very much simplified if the directional char. 
acteristics are determined at a point located at a sufficiently great 
distance from the sound radiating system so that lines joining the 
distant point with all parts of the sound radiating system are syb. 
stantially parallel. Since the main facts of interest become apparent 
when this restriction is imposed, we will confine our attention to the 
characteristic at a great distance from the radiating system. 

Curves have been plotted using either polar or rectangular co-or. 
dinates, so as to be most useful for either illustration or computation, 
Most curves illustrating special cases and experimental curves have 
been plotted on polar paper, the radius being proportional to the ab- 
solute value of relative pressure in the direction of the angular co- 
ordinate. For general cases which are to be used for computation, it 
was found most convenient to plot on rectangular co-ordinates, using 
either the absolute or algebraic value of the relative pressure as or- 
dinate, and a function of the angle of the point at which sound is re- 
ceived, frequency of radiation, and size of the source as abscissa. 


1. Point Source 


It is well known that the radiation from a point source is uniform in 
all directions. When a radiating source is small compared to the wave 
length being radiated, it behaves effectively like a point source. 


2. Systems of Point Sources 


Except for the particular case where the distance between the sources 
is less than or equal to one half wavelength the use of two point sources 
leads to an objectionable characteristic. Mathematically, (see Appen- 
dix, Section A for exact definition of R.), the relative intensity on a 
circle in a plane passing thru the two points is: 

R,=cos Z where Z=(md/X) sin a 
d=distance between the two point sources 
\ = wavelength 
a =the angle the line from the source to the distant point makes 
with the normal to the line joining the two sources. 

When the distance between the sources is less than one half wave- 
length, a symmetrical 180° displaced double maximum of gradually 
increasing sharpness is shown when the relative directional radiation is 
plotted on polar co-ordinate paper at increasing frequencies. At the 
point where the distance between the sources equals one-half wave- 
length these maxima become two lobes in contact. Above this fre- 
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quency 4 number of other maxima begin to appear, rising to the same 
intensity as the central one, increasing in number as the frequency is 
raised. 

We shall next consider a combination of point sources linearly ar- 
ranged, intensities equal and all in phase (See Appendix, Section A, 
case (a)). Mathematically, the relative intensity in a circle in a plane 
passing through the line of points is given by: 


sin nZ 





) 
nsinZ 


where ” is equal to the number of point sources and the other symbols 
have the same meaning as above. 








Fic. 1. Theoretical Radiation Distribution Characteristic of 
Linear Arrangement of 5 Point Sources. 


The characteristic in this case is a function of m. As an illustration, 
the characteristic for n=5 has been plotted on Fig. (1) as a function of 
of Z, and in \Figs. 2, 3 and 4 for some special cases. It will be noted 
that this characteristic consists of a large central maximum followed by 
three smaller ones of alternating phase and then another one which is 
of the same size as the central one. The curve then repeats itself in the 
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30 





Fic. 2. Theoretical Radiation Distribution Characteristics of 
5 Point Sources on Line (Special Case). 





Fic. 3. Theoretical Radiation Distribution Fic. 4. Theoretical Radiation Distribution 
Characteristic of 5 Point Sources on Characteristic of 5 Point Sources on 
Line (Special Case). Line (Special Case) 
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same manner. In general, the characteristic with m point sources will 
be quite similar to this with a number —2 of small maxima between 
the large ones. At low frequencies there will first be present the single 
central maximum gradually increasing in sharpness as the frequency is 
raised and then this will be followed by the smaller maxima and later 
by the next large maximum. If the frequency range used is low enough 
so that the first large maximum which follows the central one does not 
appear, this directional characteristic is not very unsatisfactory. In a 
plane perpendicular to the line joining the source the distribution of 
sound intensity is, of course, uniform. 

At first glance the negative values of the pressure may seem con- 
fusing. The negative values indicate a phase shift of 180° in sound pres- 
sure as the microphone is moved along a circle with the center of the 
source as center. An analysis of the computation of directional char- 
acteristics shows that for linear or plane sources which are symmetrical 
with respect to the center, only this 180° shift in phase is possible. In 
such a case, whenever the phase shifts, the intensity must pass thru 
zero. Unsymmetrical or non linear sources, on the other hand, have 
directional characteristics in which the phase assumes other values 
and, therefore, do not have directional characteristics in which the pres- 
sure must assume zero value between lobes. 

It is interesting to consider the characteristic of a system similar to 
the one which has just been described with the exception that there is 
a progressive phase shift @ between successive point sources. Curves 
showing the characteristics of various sources of this type have been 
worked out by Stenzel’:* and Foster! (See Appendix, Section A, Case 
(b)). The result is expressed analytically in the form: 


: - sin a@ 4 
sin ur + — 
r 2r 


: “ sna oj 
nN sin 7 + a 
r 2r 


R, = 


This characteristic differs from that of the system of point sources with 
no phase shift, in that the direction of the principal maximum is no 


"H. Stenzel—Uber die Richtcharacteristik von Schallstrahlern, Elektrische Nachrichten 
Technik, June 1927, 

* H. Stenzel—Uber die Richtcharacteristik von in einer Ebene anegeordneten Strahlern, 
Elektrische Nachrichten Technik, May 1929. 


Many other references may be obtained by referring to the bibliographies appended to the 
above papers. 
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longer necessarily perpendicular to the line joining the sources but has 
been shifted so that it is at an angle y to the normal to the line of sources, 
where y is sin~! (¢d/27d). 

A radiating system of point sources may thus be made to radiate 
most strongly in any direction whatsoever by a proper phase shift 
being introduced for each source. However, the sharpness of the charac. 
teristic is a function of the angle of maximum radiation. In reference 
(8) the author describes a system in which an arrangement of an even 
number of point sources upon the circumference of a circle with pro. 
per phase distribution among the sources not only has the same “qj. 
rectional sharpness” (peilscharfe) in any direction, but has the added 
advantage of possessing small secondary maxima. 

We have, up to this point, been considering a distribution of point 
sources on a straight line. We will now consider the effects which take 
place when the sources are distributed upon the arc of a circle. It 
will be assumed that the points are equally spaced and that the inten- 
sities and phases are equal. 

The result obtained in this case (if the n. nber of point sources js 
odd, i.e., if 2 is equal to (2m+1), where m is an integer) is: 


bate - wR 
> cos 
k=—m r 


k=+m InR 
+i > sin |= cos (a+ #0) | | 


k=—m 


1 
R, = —— 
2m + 1 








cos (a + i) | 





where @ is the angle subtended at the center of the circle by the arc 
joining any two successive point sources and a is the angle between a 
radius drawn thru the central point and the line joining the source 
and the distant point. The expression for an even number of sources is 
quite similar and need not be given here. 

The directional distribution of radiation is a function of m, R/\ 
where R is the radius of the circle of which the arc is a part, and @. 

The characteristic for a source in which n=(2m+1)=5, R=10 feet 
and @=7.5° at a frequency of 1400 cycles is plotted in Fig. 5. An in- 
spection of the equation which has just been given shows that no change 
is made in R, if 6 is kept constant and R/d is unchanged. For the pur- 
pose of comparison the characteristics of a similar linear arrangement 
is shown on the same figure. 

It is seen that at this comparatively high frequency the character- 
istic of the circular combination although showing a tendency to exhibit 
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the same peaks as the linear arrangement is considerably smoother. 
The characteristic in this case does not exhibit the same pronounced 
peaks as in the linear arrangement for the reason that except at very 
low frequencies it becomes impossible for the radiation from all the 
points to be in phase at a distant point in space. At lower frequencies 
the two curves will approach each other but, of course, large secondary 
maxima will not be present. Thus, this circular arrangement is on the 
whole more uniform than the similar linear arrangement. To facilitate 
comparison the absolute values of the relative pressure have been plotted 
for the linear arrangement. 






































Fic.5. Theoretical Radiation Distribution Characteristics of Combina- 
tion of Point Sources on Arc (Special Case at 1400 cycles). 


3. Line Sources with Uniform Velocity Distribution 


We have seen that combinations of point sources whether on lines 
or sections of a circle lead to directional characteristics which contain 
an unsatisfactory number of secondary maxima. We shall now consider 
the results which can be obtained by means of continuous line sources. 
In this case the result obtained is: 


sinZ 
Z 


R, = 





where Z now equals (z//X) sin a, and where / equals the length of the 
linear source (See Appendix, Section A, Case (b) for theory). The 
result has been plotted as a function of Z in Fig. 8 and for some special 
cases in Figs. 6 and 7. 
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Fic. 6. Theoretical Radiation Distribution Characteristic of 
Line Source (Special Case l= 9 ft.). 





Fic. 7. Theoretical Radiation Distribution Characteristic of 
Line Source (Special Case l=9 ft.). 
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It will be seen that the secondary maxima of this radiator become 
progressively smaller, instead of rising to unity again as in the case in 
the combination of point sources. This is due to the fact that for direc- 
tions other than the normal to the line all the radiation from all the 
points can never be in phase, whereas, in the sound source composed 
of point sources, secondary maxima equal ‘in intensity to the radiation 
straight ahead appear at angles inclined to the normal when radiation 
from all points is in phase. In the case of the continuous line source the 
secondary maxima are much smaller, although not necessarily so small 
as not to exercise a disturbing influence. 

The introduction of a progressive phase shift along a uniform line 
source introduces an effect similar to that noted with point sources 
(see Appendix, Section B, Case (b)). 


4. Line Sources with Non-uniform Velocity Distribution 


All the sources that have been studied up to this point have consisted 
of points which are all radiating with the same intensity or continuous 
sources in which the distribution of velocity is uniform. We shall now 
consider sources in which the distribution of velocity along the sources 
varies. 

The study of a linear source with a distribution of velocity of the 
type f(v) =e-"* between x=0 and x=//2 and where f(v) =e™= between 
«=0 and x= —//v where f(v) represents the distribution in intensity 
along the source, m is a constant and / is the length of the source gives 
very interesting results. By changing the value of m, a wide variety of 
sources can be studied. When m is positive the intensity drops off from 
center to edge, when m is negative it increases, when m is zero, a source 
with uniform distribution of intensity is obtained. The larger m is, 
as a positive number, the more rapid the decrease in intensity towards 
the edges and as a limiting case for m= the single point source is 
obtained. On the other hand, the larger m is, as a negative number, 
the more rapidly the intensity increases towards the edges and as a 
limiting case for m= — ©, 2 point sources are represented. We shall 
consider this distribution with all the points in phase. It can be shown 
that the relative sound intensity, at a distance, along a circle in the plane 
of the line for this exponential distribution is: (See Appendix, Section 
B, Case (c) for theory) 

w e*(Z sinZ — wcosZ) +4 
1— a w? + 2? | 
In this equation w=Im/2 and Z =(zl/d) sina 


R, = 
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It is evident that R, is a function of both Z and w. R, as a function 
of Z for a series of values of w has been plotted in Fig. 8. It will be noteq 
that the value of R, is a constant equal to one for w= as should be 
expected for a point source, and has a cosine form for w= — © as should 
be expected for two point sources. As w shifts from negative to positive 
values, the directional characteristics as functions of Z become less 
sharply defined and the secondary maxima become less intense. When 
D=0 the characteristic is that of the uniform line source. 
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Fic. 8. Theoretical Radiation Distribution Characteristics of Line Source 
wiih Exponential Distribution of Velocity Along Source. 





5. Curved Line Sources 


The consideration of the radiation from a circular arc is of interest 
as we commonly have to deal with the directional characteristics of 
the waves which are constrained between flaring surfaces up to a certain 
distance from the source and the radiation which reaches the free air 
may be considered to have an arc shape as it issues from the opening. 
If R., in the plane of the arc, is determined for the case of a circular arc, 
a result is obtained in the form of an infinite series of Bessel’s functions 
of ascending order. This result is not amenable to simple computation. 

An approximation may be made by breaking the line up into a num- 
ber of equal chords of a circular arc on each of which the intensity and 
phase is uniform. In this case the result takes the form: 
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. 1d . 

mee Jon sin |= sin (a + i) | 

>> cos | cos (a + ia) | = 
wd 

- sin (a + k) 


_ [rd . 
sin| ™ sin (a + | 


= sin (a + 26) 
or 


k=—m 


k=+m 2 R 
+i p sin |= cos (a + i) | 


k=—m 


In this equation the number of chords equals 2m-+1, the radius of 
the arc is R and @ is the angle subtended by any of the chords at the 
center of the circumscribing circle, d equals the length of one of the 














Fic. 9. Theoretical Radiation Distribution Characteristics Combination 
of Line Sources (Special Case at 175 cycles). 


chords. We have plotted this result for a special case where R=10 ft., 
d=15", 0=74°, at frequencies of 175 cycles, 350 cycles, 700 cycles and 
1400 cycles in Figs. 9, 10, 11, 12. 

For purposes of comparison we have plotted on the same sheets the 
characteristics which would be obtained if the chords were arranged so 
as to form a straight line. 

These curves show that at low frequencies the characteristics are 
substantially the same. At higher frequencies, however, the character- 
istic of the circular arrangement of lines becomes broader and flatter 
than that of the corresponding line source, in fact, it shows a tendency 
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to radiate uniformly throughout an angle equal to that defined by the 
centers of the two extreme line sources. 

At low frequencies the distance that the arc is displaced from a 
straight line is negligible in comparison with the wave length. As the 


























Fic. 10. Theoretical Radiation Characteristics of Combination 
of Line Sources. (Special Case at 350 cycles.) 


Ce 


Fic. 11. Theoretical Radiation Distribution Characteristics Combination 
of Line Sources (Special Case at 700 cycles). 


frequency is raised and the wave length shortens, this is no longer true. 
At high enough frequencies an arc should radiate almost uniformly 
into an angle determined by its bounding radii. By the same reasoning 
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the series of chords will give a good approximation to the arc as long 
as the greatest distance from the chord to the corresponding point on 
the arc is small compared to the wave length of sound being radiated. 
In the case chosen for illustration this distance is approximately }”, 
which is small compared to the wavelength at 1400 cycles, the highest 
frequency for which a computation was made. 





























Fic. 12. Theoretical Radiation Distribution Characteristics Combination 
of Line Sources (Special Case at 1400 cycles). 


6. Plane Surface Sources 


In general, the sources which radiate sound are not lines or points, 
but consist of a single surface or a number of surfaces. 

We shall now show how many of the results which have been obtained 
up to this time for points and lines may be used to determine the radia- 
tion from surfaces by a consideration of the two following general ideas. 

(1) A great many surface distributions are of the form f(v) =f; (x) fe (y) 
where f (v) represents the distribution of intensity, and the phase 
distribution is represented by F(v) =F,(x)+F.(y). In this case it may 
be shown that the directional characteristic is represented by: 


Ra Sfi(x)e2tiC(zsinad)—(F (2) 12") dy 


1 
[coer froray 


J fol y)e?**(CusinB\)— Fay) 22) dy 
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The integration being carried out over the entire surface. (See Appen- 
dix Section C for theory). a is the angle which the line connecting 
the point and source make with the plane normal to the x axis, and 
6 is the angle between the same line and the plane normal to the y axis, 

It is seen that the radiation characteristic is equal to the product of 









































Fic. 13. Theoretical Radiation Distribution Characteristics of 
1. Circular Line. Ra=J((Z) 
2. Circular Surface. Ra=2J\(Z) /Z. 
3. Straight Line of Length equal to Diameter 


y 


; sinZ md 
of above circle. Ra= : where Z=| — )}sina. 
r 


the characteristics of two mutually perpendicular line sources with 
intensity and phase distributions given respectively by: 

fi(x) and F,(x) 

fo(y) and F2(y) 


It is interesting to compare the results obtained by this formula for 
a plain rectangular uniform surface distribution with that given in texts 
on optics for diffraction through a rectangular opening. In Drude, 
“Theory of Optics,” page 216, an actual photograph of this diffraction 
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phenomenom is shown. It will be noted that in the directions parallel 
to the sides of the opening (or source, in this case), the pattern consists 
of a regular series of diminishing maxima between which the intensity 
falls off to zero. The width of the diffraction fringes is greater in the 
direction in which the source is narrower. In our problem the analogues 
of the diffraction fringes are secondary maxima. 

(2) Very often it is desirable to consider the directional characteris- 
tics of a combination of identical line or surface sources linearly ar- 
ranged and equally spaced. It can be shown that the directional 
characteristic in this case or in the general case of a spatial distribution 
in which the sources are held parallel to each other, is equal to the pro- 
duct of the characteristic of a similar arrangement of point sources, 
by the individual characteristic of each separate source. 

Because of its interest for the approximate calculation of the direc- 
tional characteristics of cone radiators, which are in common use, the 
radiation from a plane circular surface source is given as developed by 


Stenzel’ ® 
2ur . 
2J i —— sin a 
Xr 


In thiscase R, = —————— Where J; is 
2rr 


— sina 


Bessel’s function of order 1, r is the radius of the circle, and a is the 
angle between the line connecting the point and the source and the 
normal to the plane of the circle. 

This function is plotted in Fig. 13, where it is compared with the 
characteristic of a line of equal length and a circular ring of equal dia- 
meter. The characteristic is somewhat broader than that of the uniform 
line source of length equal to the diameter of the circle, but has about 
the same form. 

EXPERMENTAL RESULTS 

Experimental characteristics will be shown of a number of sound 
radiators which approximate some of the ideal radiators which have 
been described. 

In obtaining the experimental distribution characteristics the fol- 
lowing procedure was followed and precautions taken: 

(1) The sound source and sound measuring system, consisting of a 
condenser microphone with an associated amplifier were set up out of 
doors at a distance from all buildings. This was necessary in order that 
troublesome reflections might be eliminated. 
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(2) The condenser microphone was placed at such a distance from 
the sound source that the lines joining it to all points of the sound source 
were substantially parallel. 

(3) The condenser microphone was always placed relative to the 
sound source and ground so that as the condenser microphone was 
moved around the source, the reflection effects due to the ground re- 
mained unchanged. 

(4) Frequency characteristics were obtained at various points around 
the source. The actual radiation characteristics were determined from 
these curves. The maxima and minima of the radiation characteristics 
were obtained by interpolation on the frequency characteristics where 
necessary. 
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Fic. 14. Experimental Radiation Distribution Characteristic of a 12” Cone in Infinite Baffle. 
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1. Radiation Characteristic of Single 12” Cone 


The radiation characteristic of a single 12” cone set in an infinite 
baffle was obtained by mounting the cone in a closed box and setting 
the box into the ground with the cone pointing upward so that the top 
of the box and the face of cone were flush with the surface of the ground. 

The actual results obtained are shown in Fig. 14. Some very interest- 
ing conclusions may be drawn from a study of these curves. 

Below about 700 cycles the cone behaves almost like a point source, 
radiating uniformly in all directions. Above this frequency, the cone 
radiates more or less in a beam. The sharpness of the beam increases 
until about 2000 cycles, above which point, the beam remains fairly 
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uniform. This indicates that above 2000 cycles the effective size of the 
radiating surface becomes smaller or that the cone is no longer radiating 
as a plane diaphragm. 

If we assume that the cone radiates in about the same way as a cir- 
cular diaphragm, see Fig. 13, we can calculate in a very rough way what 
portion of the cone is effectively radiating at all frequencies. 

From Fig. 13 for the characteristic of a circular diaphragm we see that 


2rr 
2 (= sin «) 
X 


(= : ) 
—— ih a 
d 


for the first time when 


2rr 
— sina = 3.85 
r 


In Fig. (14) we have extended the experimental characteristics to 
meet the axis (dotted lines). We assume that the radiation actually 
present at greater angles is due to secondary maxima and to the fact 
that the cone does not exactly simulate a diaphragm. 

Thus, to calculate the effective diameter of the diaphragm which can 
be substituted for the cone at 2000 cycles, we note that at 2000 cycles 
the characteristic (extended) falls off to zero for a =45°. 


Therefore: 
aay 
— sina = 3.85 
X 


2rr 
= cos 45 
1100 


— 


2000 


solving for D =2r, we obtain 
D =11.5 inches 


Thus, at this frequency practically the entire surface of the cone is 
radiating. 
Proceeding in the same way, we obtain: 
at 1500 cycles D=12”" 
at 3500 ” D=7.7" 
at 4000 ” D=7.5" 
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Thus, as the frequency is raised the effective radiating surface be- 
comes smaller. This does not necessarily mean that only a portion of 
the surface is vibrating, but perhaps that piston-like motion is no longer 
taking place, the motion being of such a character as to approximate a 
piston-like motion of a smaller diameter diaphragm. 

This radiator approximates the loud speakers which are ordinarily 
used in home radio sets with the exception of its size and the fact that 
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Fic. 15. Experimental Radiation Distribution Characteristics of 5 Cone 
Combination in Line of Cones. 


it is placed in an infinite baffle. As is evident from the equation for 
radiation from a circular diaphragm the effect of reducing the size to 
that more normally used, will be to postpone the directional radiation 
to a higher frequency. The effect of placing the loud speaker in a finite 
baffle rather than in an infinite baffle will be to increase the directional 
effects somewhat at the lower frequencies, and to cause an additional 
number of secondary maxima which were not present in the ideal case. 
This will be illustrated in one of the later experimental characteristics 
on a slightly different form of radiator. If the desirable characteristic for 
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a home loud speaker is that it should radiate uniformly at all frequen- 
cies, it is evident that this loud speaker is defective in radiating too 


Fic. 16. Experimental Radiation Distribution Characteris-ics 
of 5 Cone Combination in Line of Cones. 











Fic. 17. Experimental Radiation Distribution Characteristics 
of 5 Cone Combination in Line of Cones. 


much in the form of a beam at the higher frequencies. A method for 
breaking up this beam is shown in Fig 19. 
A number of cones in a straight line and in contact approximate a 
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continuous line source. As has been shown theoretically, the directional 
characteristic of a continuous line source contains secondary maxima 
of gradually decreasing intensity. On the other hand, the directional 
characteristic of a system of points along a line contains secondary 
maxima which can be as large as the primary central maximum. Ip 
order to show the extent to which a rather small separation of the cones 
can make the source behave like a linear arrangement of point sources, 





Fic.18. Experimental Radiation Distribution Characteristics 
of 5 Cone Combination Across Line of Cones. 
rather than like a continuous source, we are showing the characteristic 
of an experimental arrangement in which the cones are spaced apart by 
a distance equal to their diameters. Five cones were chosen which were 
arranged in a slightly unsymmetrical fashion which did not, however, 
affect the character of the phenomena greatly. In order to eliminate 
interference effects from the rear the back was closed off and partially 
filled with felt. The experimental characteristic in a plane passing 
through the line of cones is shown in Figs. 15. 16, and 17. These curves 
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Fic. 19. Experimental Radiation Distribution Characteristics of 5 Cone Combination Across 
Klann Line of Cones. Small Reflectors Attached. 





Fic. 20. Experimental Radiation Distribution Characteristic of 6 Cone Combination 
Across Line of Cones. (Short Flaring Baffle.) 
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may be compared with those of Figs. 1,2, 3 and 4 for the characteristics 
of a linear arrangement of point sources whose distance apart is equal 
to the distance between the centers of the cones. 

The characteristic in a plane perpendicular to the line of cones fo; 
the same arrangement is shown in Fig. 18. The fact that these do not 
agree exactly with the characteristics previously described for a Single 





Fic. 21. Experimetal Radiation Distribution Characteristics of 6 Cone 
Combination Across Line of Cones. (Short Flaring Baffle.) 


cone is explainable on the basis of (1) the characteristic of the radiation 
from a line of cones across the line is theoretically not the same as that 
of a single cone (2). The radiation from the backs of the cones was not 
completely shut-off. This would permit some radiation to escape from 
the rear, the effect of the rear radiation being to sharpen the charac- 
teristic at low frequencies, as will be shown later for an arrangement 
in which the rear is completely open. 

At frequencies above 1,000 cycles, the beam becomes too sharp. Fig. 
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19 shows the effect of placing small reflectors in front of the cones. In 
the curves shown, the angle between these deflectors is somewhat too 
great, causing the radiation incident upon the deflectors to be deflected 
through too sharp an angle 

The effect of allowing the rear radiation to escape is shown in the next 
series of curves. The directional characteristic of an arrangement, 


» 0 
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Fic. 22. Radiation Distribution Characteristics of 6 Cone Combination 
Across Line of Cones. (Short Flaring Baffle.) 


consisting of six 8 inch cones in contact with a short flaring baffle on the 
front side, is shown in Figs. 20, 21 and 22. These curves show very well 
the effect of allowing sound radiation to escape from the rear of the 
combination. It will be noted that there is always a minimum in the 
neighborhood of 70° to 80°. This minimum is due to the interference of 
the out of phase sound waves, from the front and rear. If the combina- 
tion had been symmetrical, this minmium would have occurred at 90.° 
Due to the shape of the baffle, however, the path length from the front 
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to the 90° point is somewhat longer that that from the rear, so that the 
region of destructive interference is shifted forward slightly so as to 
make the minimum occur at the position shown. The somewhat higher 
intensity in front and the number of peaks shown in the directional 
characteristics to the rear, which do not similarly show up to the front, 
is also due to this dissymmetry. Due to the loading action of the baffle 
to the front side and due to the interfering effect of the loud speaker 
field coil magnet, the radiation to the front side is greater than that to 


Fic. 23. Experimental Radiation Distribution Characteristics of Directional 
Baffle Speaker Across Long Axis of Mouth. 


the rear. The sound from the front is attenuated by the time it reaches 
the rear and is almost of the same intensity as that coming from the 
rear of the loud speaker, thus leading to severe interference peaks. On 
the other hand, the sound coming from the front is little affected by the 
attenuated sound from the rear, which was already weaker when it 
started. If the rear radiation had been closed off, the directional charac- 
teristics would not have been as sharp as that shown on the front side. 
On the other hand, the radiation to the rear would have been much 
smaller. Whether this type of radiation characteristic is desirable or 
not, will depend largely on the place where the loud speaker is to be 
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used. If it is to be used where good radiation to the front is required 
with small radiation to the sides, and where a certain amount of radi- 





Fic. 24. Experimental Radiation Distribution Characteristics 
of DirectionalBaffle Speaker Across Long Axis of Mouth. 


AN 


Fic. 25. Experimental Radiation Distribution Characteristics 
of Directional Baffle Speaker Across Short Axis of Mouth. 


ation to the rear may be neglected, the characteristic shown is quite 
satisfactory. 

The increased directional response which can be obtained by making 
a radiating surface effectively larger is shown in Figs. 23, 24, 25 for an 
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8” cone with a directional baffle. A comparison of these characteristics 
with those for the larger 12” cone, shows to what extent the directional 
effects have been increased. The characteristics across the short axis 
are roughly those which would be obtained from a line radiator of length 
somewhat shorter than the width of the mouth. The characteristic 
across the long flaring axis is very interesting in that between 400 and 
1,000 cycles, the characteristic is quite uniform. This is probably due 
to the fact that at frequencies below 1,000 cycles the emerging sound is 
in the form of a cylindrical wave, rather than that of a plane wave. 
The characteristic of a source of this type is approximately the same as 
that due to an arrangement of line sources on a circular arc (Fig. 9, 
10, 11, 12). As found above, this type of source has a fairly uniform 
frequency characteristic at all but very low frequencies. Measurements 
of sound pressure made across the mouth of the loud speaker show a 
definite falling off in intensity towards the edges. This explains the 
lack of secondary maxima and the fact that the effective size is less than 
the size of the mouth opening, as may be seen by a reference to Fig. 8, 
which shows the directional characteristics for a source with distribu- 
tion which decreases towards the edges. 

The characteristic shown in the last curve is the most satisfactory 
of those shown for theatre reproduction purposes, due to the fairly 
sharp uniform directional characteristics and the lack of marked se- 
condary maxima and minima. 


APPENDIX 
Section A—Combinations of Point Sources 


We can write for the pressure at a point A due to a harmonic point 
source of sound k 


By, . 
P, = — cos 27 : (1) 


'k 


where 
vy =frequency 
X\ =wavelength 
Y, =distance between A and k 
B, is proportional to intensity of radiation of point source k 
¢, is the phase angle between the motion at k and a standard of phase. 
The resultant pressure for m point sources vibrating at the same fre- 
quency and arbitrarily positioned in space is given by: 


k=n k=n B r 
P=) P= > — cos 2a(m _- = - =), (2) 


k=1 k=l Tk 2r 
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P, can be represented by the projection of a rotating vector, rotating 
with angular velocity 27v upon a suitably chosen axis (see Fig. 26) 

The effective radiation from another point (2) at point A is repre- 
sented by another vector (2) of the same period. The phase of vector 
(2) may differ from that of (1) due to the fact that the distance of 
source (1) from A is different from that of source (2) and also due to 
the fact that there may be a difference in phase between the sources. 
There will be a number of vectors ”, corresponding to the number of 
sources. 


w 


Fic. 26. Sound Pressure Due to a System of Point Sources. 


In order to add the vectors analytically it is simplest to express each 
one as the sum of its projections on two mutually perpendicular axes. 


Be. 
+ i— sin 27 (> 


Tk 


Bs. . 

= —e2ti(vt— (rk /A)—($,/24)) 
'k 

where i =\/—1 
Ba Qri /2 

= —g2rivty—2ri((rg/d)+(op/24)) 

lk 

and 


P 


Ko2ri(vt—(rk/A)—(6k/2)) 
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We shall limit our interest to the directional characteristics of 
radiators where the difference in distance from different parts of the 
radiator to the listener is small compared to the distance from radiator 
to listener. The expression above can then be put into the form 


1 
ie  & 2Qri(vt— )- 2 » 
= : Bye wi(vti—(rk/dX)—(Ok/24)) (7a) 


where 7; is the distance from any one of the point sources to the listener, 
The absolute value of this vector which is our main interest is then 
given by: 


1 k=n ; 
| P| ea ms D> Bye2tiet—(y, M— 4/2) (8) 


k=l 


1 [en (te OA\? (t= | f th OA\? 
--4/( >_ Bi; cos an (m _ 7_*)) + ( >> By sin 2n(u -~ eo 9 

r k=1 oN 2a k=1 r 2r 

It is evident that the maximum possible intensity at any point in 
space will be produced if the vectors (see Fig. 26) representing the radia- 


tion from the sources are all in phase. When this is so the absolute value 
of P becomes 


1 k=n 
|P|=— DUB. (10) 
S k=l 


In determining the directional characteristics it is most convenient 
to compare the intensity at any point with the maximum possible in- 
tensity. (This maximum possible intensity does not necessarily exist 
at some point in space). We shall, therefore, in the following problems 


compute: 
1 k=n 


R, = ————|P|= ; DY, Bye2tiet— (re) — 4/2) (11) 


k=n k=n 


1 ne 
= vB: vB: k=l 
r 


k=1 k=1 


The above theory will now be applied to a number of special cases. 
Case (a) Combination of N Equally Spaced Linearly Arranged Point 
Sources with Equal Intensity, and Moving in Phase. 
In this case let 


B,=B8B 
rr =r+(k—I1)dsina 
do, = 0 


choosing the phase angle of any source as zero phase. 
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d is the distance between any two successive points, a is the angle 
between the normal to the line of sources and line joining A with any 
source (see Fig. 27). 


we Se oe ee 
Fic. 27. A number of equally spaced, linearly arranged point sources. 


Then 


1 k=n 


Re = — D> Be2tiet—(r)) g-2xi((k—1d sin a) (13) 
nB k=l 


— Ferrier omg tei(cnvd sin a)/d . (14) 
Nn) kel 
Each of the terms under the = may be looked upon as a unit vector 
whose relative phase is determined by e~?*‘((*—)4 sin @)/\ and which rotates 
with an angular velocity. 27v 
Therefore, the absolute value of R,. will be given by: 


k=n 


R, = Z doen 2ti((e-1)d sina) id (15) 


n k=1 


or 


— _ in a@ — in a 
Ra = Z z= [ cos( 2x" — ) — isin Cao ~ we )}| (16) 
n 


k=l r 


This may be represented vectorially as 1/n times the sum of unit 
vectors inclined to each other by an angle 2x7 [(k—1)d sin a]/A 


Fic. 28. Sound pressure due to a number of equally spaced, linearly arranged point sources. 
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These vectors are represented in Fig. 28 by Ao, Ai, A: Ag,. 


for values of k from 1 to n. 
... =OA,=P be the radius of the cir- 


Let OA,=OA,=OA; =, 
cumscribed circle. 
Then 
2P? — 2P? cos (2m 


d sin a@ 
(AoA,)? = ) (17) 
nd sin “) 


2P? E — cos 2n( 


d sin 
(AxpA gi)? = 1 = 2P? + 2P? cos (2n ns 
1 


2P? = ——_____ 
2rd sin a 
1 — cos —— 


nd sin @ 


1 — cos 27 


(AoA,)? = a 
d sina 
1 — cos 27 


rj nd sin a _ nid sina 
1 — cos 27 a 

r d 
(21) 


AoA, ee ae 
dsina _ 7d sin a@ 
1 — cos 27 sin —————— 

r r 


_ {nd sina 
sin — ; 
r sin nZ 
Ra _ . = . 
. [(tdsina nsin Z 
nm sin 


wd sina 
(23) 


d 


Case (b) Combination of N Equally Spaced Linearly Arranged Sources, 
Intensities Equal, Uniform Phase Shift Along Array. 


For this case 
B, = B 
r, =~r+(k—1)dsina 


og. = (k — 1)¢ 
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where the phase of the right hand source is taken as zero phase and 
¢ is the phase shift between each source. 


In this case oe —" . 
{cos a ae m “as 
une » 2r 


x Sali 2*(S — 1)dsina n (k — =| 
r 2 


and by analogy with the result obtained in case (a) we have 


nfn(t+ 2) 

a5) 

tare 
( 





n sin Z’ 


nsin| Z + “) 
2 


where: 
Pee (29) 
X 


and Dp 
Z’=Z+2. 


In the case in which the sources are all in phase, a maximum always 
occurs in the direction perpendicular to the line of sources, since 


a = 0° 

sina = 0 
; (= ; ) 

sin | —— sin 0° 

(23) nN o 
(= o") 
n sin | — sin 
UrCES, x 


In the case of a phase shift, a maximum will appear when 
Z’ =0 
That is, when 


wd 
i 
d 2 
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rv 
«= sin ( - ba ). 
2nd 


If y denotes the angle of maximum radiation 


or 


(31) 


d 
sin | (sin a — sin »| 
R. = “ee oe (32) 
n sin [-—(sin a — sin »| 


For polar diagrams of radiation characteristics of 2 and 16 linearly 
arranged point sources plotted for various values of b and 9, see refer- 
ence (1). 


Section B—Line Sources—Straight and Curved and Combinations 
Thereof 


If the source is continuous, the summation in the case of a combina- 
tion of discrete sources is replaced by an integration process. The inte- 
gration is carried out with respect to an element of length or area 
depending upon whether the source is linear or a surface. 

The expression representing the radiation characteristic from a line 
source obtained directly as a limiting case from equation 11 is: 


R, = al [ foeriorom-cconengy (34) 


J f(v)dl 


Here again it is useful to express the intensity at any point in terms 
of the maximum possible intensity. 
f(v) is a function representing the distribution of intensity along the 
line source. 
F(v) is a function representing the distribution of phase along the 
line source. 
Case (a) Straight Line Source Uniform Intensity—All Points in 
Phase 
For this case 
f(x») = B 
F(v) = 0 


rf =r—xsina (See Fig. 29) 
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The value of R. is given by: 


1 +1/2 
a f Be2tilet—(r/d)) g—24i(z sinald) dy 
a 
Bl\ Jy. 


The absolute value of the term on the right is given by: 


1 +1/2 
R. aa sei J e2tiz sinaldd y 
L | J ye 


ml 
sin (= sin a) 
r sin Z 


ml Z 
— sina 
» 


Fic. 29. Straight line source. 


This result could have been obtained from that of a linear arrange- 
ment of point sources. For that case we obtained (see eq. 22) 


; (= ; ) 
sin | — sin a 
d 
(xd 
n sin\ — sin «) 
N 


If we permit m to approach infinity and d to approdch zero in such 
a way that 


a 


nd =| 


we approach the line source as a limiting case. Doing this in the above 


equation we obtain: 
; (= p ) 
sin| — sing 
r 


al 
— sina 
r 


R, = 


which agrees with eq. (38) 
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Case (b) Straight Line Source 
Uniform Intensity—Progressive Phase Shift 


For the corresponding case for a linear combination of point sources 
we obtained (See eq. 32): 


d 
sin | (sin a — sin »| 
Rz = - 
d 
n sin | Gin a — sin »| 





where y represents the angle of maximum radiation. 


If we permit 2d to approach / (the length of the line source) as 
n—c and d—-0, we obtain: 


ml 
sin | “sin a — sin »| 


R, = _ 
ae “— 
—(sin a — sin y 
r 





This can also be expressed as: 


sin | x (= = + *)] 
>. Xr 21 


ni(= a 4 <) 
r 2a 


where ¢ is the phase shift per unit length along the source, expressed 
in radians. 


Case (c) Straight Line Source. 
Non-Uniform Intensity—All Points in Phase 


A particular study has been made of line radiators with distributions 
of intensity along the source which are symmetrical about the center. 
One of these will now be taken up in detail. 


Exponential Distribution with Maximum or Minimum at Center 
Phase Uniform 
Because of the particular interest of this case and in order to show 


how the general theory is applied to a special case we shall work thru 
this case in all its details. 
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Uy 
2 
l 


Let f(v) = e~™* between x = 0 and x = 


Let f(v) = e* between x = Oand x = — 


Let F(v) = 0 m%=y—x sin a 


The sign of m determines whether the intensity at the center is a 
maximum or minimum and the magnitude of m determines the rate of 
decay or increase of intensity along the radiator as we leave the center. 

Then from equations (34) and (41) we obtain: 


1 1/2 
R. = f e- Mr e2ri(vt—(r/d))g—2rilr, dy 
0 


1 0 
fe : —| f emtg2ri(vt—(r/d)) g—2rilr, Md x 
—l/2 
f emax 
—1/2 


The absolute value of the expression on the right hand side of eq. 
(42) is given by: 


1 1/2 
= a i} e7 Mre—2ri(r, IM dy 
0 


1/2 
0 


1 0 

a f emte—2rir, Ady 
f 0 e™*dx ~1/2 

—1/2 


1/2 1 
f e~™*dx —(1 — e~*ai3) (44) 
0 m 
° 1 
i] e™*dx = —(1 — e~!m/2) (45) 
butions —1/2 m 


center. Therefore: 


m ve ar i 
R, = —————_ e~™=| cos| —x sin a) — isin| —~<x sin @ } |dx 
(1— e-!m/2)| Udy r r 
m ' ar 7 . . ar . 
+ ————_ e™=! cos| —x sin a} — isin| —<x sin a } |dx 
1 am e—!m/2 Xr Xr 


(46) 
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Now: 
e%*(q cos px + psin px) 
f e% cos pxdx = ——________—_ 
q+ 
(47) 
; e7*(q sin px — pcos px) 
f e*? sin pxdx = ——___—_—_ | . 
q’ a P 
Making use of eq. (47) and substituting 
lm ml 
w = — and Z = —sina 
2 
Equation (46) reduces to 
w e*(Z sin Z — wcosZ) +w 
ee ae 
[~~ ¢* w* + Z? 


w is a measure of the rate of change of intensity along the source. 
Substitution in Equation (48) for the limiting case in which w ap- 
proaches © yields 


R, = 1. 


This is as it should be since a source for which w = © is a point source 
which radiates uniformly in all directions. 

In the case wherein w =0 (the case of a uniform line source) substitu- 
tion in equation (48) yields: 


sin Z 


R, = 
Z 





This is in agreement with equation (38). 
In the case where w= — © (the case of two point sources located at 
the end of a line), substitution in equation (48) yields: 


«= cosZ. 


This is the result obtained when we substitute » =2 in equation (22). 


Section C—Surface Sources 


The radiation characteristic due to a surface is given by: 


R, = a J soeriorem-evormrds (49) 


| J(a)ds 





(48) 
w ap. 


Ource 


stitu- 


ed at 


(49) 
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The notation is the same as above. The integration is carried out over 
the entire surface. 


Case (a) Plane Surface Sources 





Fic. 30. Plane surface source. 


Let the XY plane be coplanar with the plane source 
Let » =direction angle of OA with X axis 


“ “ “ “ “ y “ 


p= 
Let the coordinates of point p be given by x,y, 
r, = r — OV cos (X AOV) (50) 
now 
OV af PTH 


cos (< AOV) = cos u cos (X VOX) + cos pcos (X VOY) (51) 


since the cosine of the angle between any two intersecting lines in 
space is equal to the sum of the products of their respective direction 
cosines. 
Now 
x 
cos (X VOX) = ———— 
/x? + y? 
Vy 
cos (¢ VOY) = — = : 
Ve + y? 
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— : ames x y 
OP cos (X AOV) = /x? + | ont Very cos | (53) 


x cos + Y COS p 
and 
r =r — (xcosu + ycos p) (54) 


If a and £ are the angles which O A makes with the Y Z and X Z planes 
respectively 


ry =r — (xsina+ ysin 8) 


For a plane surface source Eq. (49) becomes: 


1 
Cm on f(aetr*o— r/\)+(2 sin at+y sin 8) /A—( F (v)) 2") dS 


J soa 
The absolute value of ths expression is given by: 


1 
R.. —_ [ oer sin a+y sin prironnngs| 


J sos 


If f (v) and F (v) are of such a form that: 


S(v) = falx)fo(y) 
F(v) = F(x) + F2(y) 
then 


1 
) Jf seonconayar 


| J [pe@porer sin a) e2rily sin B) Me tF (2) e-F (w d yd x 


R 


1 
Jatwae [ poray 


| [ padettcenn rn-ervenrterdy J porerw sin 8) /A—(F x(y)) /24dy 





(54) 


lanes 
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This is the most general expression for the radiation characteristic 
of a plane surface source for which 
f(r) = filx)fo(y) 
and F(v) = F(x) + F2(y). 


Eq. (58) shows that the radiation distribution characteristic of a 
surface source with an intensity and phase distribution defined by eq. 
(57) is equal to the product of the radiation characteristics of two mu- 
tually perpendicular line sources along each of which the intensity and 
phase distributions are respectively given by: 

fi(x) and F,(x) 
fo(y) and F2(y). 

Case (b) Rectangular Source—Uniform Phase and Intensity 

This is really a special case of case (a) just described. From the above 
conditions 


(57) 


( a 
f(v) = f(xin) = B | from x = — ry tox =+ 


F(v) = F(x1y:) = 0 


a 

E 
b 

2 


b 
y= — — Te # 
2 


f (v) =f («1, y1) may be put in the form f; (x) fe (y), where f, (x) = B/g 
fe (y)=gB, where g is any constant, and F (v)=F (m, y:) into F; (x) 
+F, (y) where F,(«) =0, Fe (y) =0. 

Using the theorem which has just been proved in eq. (59), the direc- 
tional characteristics of the plane rectangular source with uniform 
intensity and phase should be equal to the product of the characteristics 
of two line sources at right angles to each other and on each of which 
the intensity and phase is uniform. 


Making use of the result for the linear source which was developed in 
eq. (38) 


where 


This solution is identical with that for the diffraction of light thru a 
rectangular aperture when the source and screen are at comparatively 
large distances from the aperture. 








AN EFFICIENT LOUD SPEAKER AT THE 
HIGHER AUDIBLE FREQUENCIES 


By L. G. Bostwick 
Bell Telephone Laboratories 


The frequency range above 5,000 cycles contributes greatly to the 
naturalness of reproduction of certain sounds. Many instruments of 
the orchestra, such as the violin, flute, snare drum, clarinet, cymbals, 
as well as voices, particularly female voices, have harmonics above 
5,000 cycles which if suppressed, cause an appreciable change in the 
character of the sounds. This alteration in some cases is not especially 
objectionable, but in the reproduction of many common sounds of an 
impulsive character such as result from hand clapping, footsteps, tearing 
or rustling of paper, or the jingling of keys or coins, the suppression 
little resemblance to the original. Extension of the frequency range of 
the reproducing system to include the very high frequencies results in 
an astonishing improvement in the reproduction of these impulsive 
sounds and lends color and brilliance to reproduced music sounds. 

The purpose of this paper is to describe a loud speaker by which it 
has been possible to obtain efficient radiation of these very high fre- 
quencies. This loud speaker is intended for use as an adjunct to either 
baffle or horn type loud speakers to extend the range of efficient per- 
formance to 11,000 or 12,000 cycles. 


DESIGN FEATURES 


Loud speakers become inefficient at the very high frequencies usually 
because the mass reactance of the diaphragm or vibrating structure 
becomes exceedingly large compared to the radiation resistance. The 
mass reactance, of course, does not absorb power but diminishes the 
acoustic output by reducing the vibrational velocity. The minimum 
value to which the mass reactance at the very high frequencies can be 
reduced with existing diaphragm shapes and materials appears to be 
many times the radiation resistance of the diaphragm radiating openly 
in the air. 

Horns provide a means of increasing the radiation resistance of a 
diaphragm many-fold, thereby permitting a more favorable relation 
between the mass reactance and the radiation resistance. The use 
of a horn, however, involves another limiting factor, the air chamber 
between the diaphragm and horn throat. This air chamber acts as an 
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elastic coupling element which tends to diminish the vibrational velocity 
at the horn throat. The magnitude of the influence of this air chamber, 
however, can be controlled by proper design. 

If we assume a diaphragm that vibrates as a piston except for an 
extremely narrow elastic annular edge, the diaphragm (plus the at- 
tached moving coil) mass m, the edge stiffness s, and the air chamber 
stiffness s2 comprise a mechanical-acoustical network having the 
transmission characteristics of a three-element band pass filter. In 
such a filter the lower cut-off frequency f; and the upper cut-off fre- 
quency f2 are determined by the following relations: 


-g =(2y" , 
ne 27 \m () 


1 fs, + so\!/? 
fe = —( ) ‘ (2) 


Qr m 





If s; can be made small enough to give a suitable lower cut-off fre- 
quency, the maximum frequency range (f2—f;) is obtained by making 
m as small and s2 as large as possible. After choosing the lightest 
diaphragm mechanically possible, the alternative of the largest practi- 
cable value for s. then becomes the controlling factor. 

The air chamber stiffness s, is proportional to the diaphragm area 
and inversely proportional to the chamber separation. The diaphragm 
area must not be made too large because interference difficulties arise 
within the air chamber if the diameter becomes commensurable with 
the wave length. On the other hand the chamber separation must be 
sufficient to permit the necessary vibration amplitude of the diaphragm. 
This vibration amplitude for constant acoustic output is inversely 
proportional to frequency so that the chamber separation must be 
adequate to permit the required acoustic power output at the lowest 
frequency for which the loud speaker is designed. In most cases the 
acoustic power requirements are such that the maximum possible cham- 
ber stiffness is inadequate to provide efficient performance above 4000 
or 5000 cycles. 

Since the low frequency requirements are adverse to the high fre- 
quency requirements, it seems logical to make use of more than one 
loud speaker simultaneously in order to extend the high frequency 
range. In this way, the air chamber separation in the high frequency 
loud speaker can be reduced to a much smaller value than would be 
possible if the loud speaker were required to radiate the low frequencies. 
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The result is a higher value for the chamber stiffness and consequently 
a higher cut-off frequency according to equation (2). The exclusion 
of the low frequencies also permits a more delicate mechanical structure 
having less mass and makes it possible to still further extend the high 
frequency cut-off by making the edge stiffness s, large. These expedients 
have been applied in the design of the loud speaker shown in Fig. 1, 


= 


Fic. 1 

Fig. 2 is a sectional view showing on an exaggerated scale the 
diaphragm, air chamber, and horn construction. The diaphragm is 
of .005 cm duralumin with a spherically embossed section at the center 
2.5 cm in diameter to provide rigidity; the edge outside this formed 
center is plane. A self-supporting moving coil of edgewise wound 
aluminum ribbon! is attached directly to the diaphragm at the junction 
of the embossed and plane sections. A shoulder on the horn clamps the 
plane section of the diaphragm on a diameter such that an edge stiffness 
of about 280 10° dyne/cm is obtained. This shoulder also serves to 
maintain the proper chamber separation of .025 cm giving an air 


1 See “High Efficiency Receiver of Large Power Capacity” by E. C. Wente and A. I. 
Thuras, Bell System Technical Journal, January 1928. 
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chamber stiffness of about 35010° dyne/cm. The mass of the dia- 
phragm (plus the moving coil) within the clamped surface is only about 
16 gram. These mass and stiffness values give from equations (1) and 
(2) a theoretical low cut-off frequency of 6500 cycles and a theoretical 
high cut-off frequency of 10,000 cycles. _ 

Inasmuch as this diaphragm-air chamber structure represents only 
a half section filter rather than a multiple section filter, the attenuation 
outside the cut-off frequencies is influenced to a considerable extent 
by its terminating impedances. These terminating impedances com- 
prise the acoustic impedance of the horn in one case and the mechanical 
motional impedance of the moving coil in the other. If these terminat- 


AIR CHAMBER 


MOVING a: 2 DIAPHRAGM 
COIL j 


SECTIONAL DIAGRAM SHOWING THE 
DIAPHRAGM, AIR CHAMBER AND HORN CONSTRUCTION 
FIG-2 





Fic. 2. 


ing impedances are made equal to the iterative impedances of the 
filter, the attenuation within an octave below the lower cut-off fre- 
quency and for a considerable portion of an octave above the upper 
cut-off frequency is quite small. 

The proper termination of about 7000 mechanical ohms is pro- 
vided at one end by a 2000 cycle cut-off exponential horn with a throat 
opening area of about .19 cm?. The throat opening is an annulus having 
a diameter slightly greater than half the diaphragm diameter in order 
to reduce interference effects in the air chamber. The other terminating 
impedance of about 2000 mechanical ohms is provided by the mechani- 
cal motional impedance of the moving coil resulting from electrical 
damping. A high flux density of 18,000 gauss makes it possible to get 
this damping impedance with a very light moving coil. 


PERFORMANCE CHARACTERISTICS 

Fig. 3 is a curve showing the response? of this loud speaker at 
the various frequencies up to 10,000 cycles, the highest frequency 
* For definition of “Response” see I.R.E. Standardization Report. 
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obtainable at the time with the measuring facilities. These measure- 
ments were made in a heavily damped room with a condenser micro- 
phone located on the horn axis at a distance of three feet. Because of 
the small diameter of the horn mouth, this distance of three feet js 
adequate to give a true representation of the response which would be 
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FREQUENCY 
RESPONSE -FREQUENCY CURVE OF HIGH FREQUENCY LOUD SPEAKER 
FOR MEASURING CONDITIONS SEE TEXT 
FIG.-3 





Fic. 3. 


observed at a more remote point. This curve is corrected for variations 
with frequency in the performance of the microphone as determined 
by thermophone calibration and for the fact that the indicated pressure 
becomes twice the free space pressure at the high frequencies where 
there is reflection from the microphone. A third correction for resonance 


Y-08 


ABSOLUTE EFFICIENC 


FREQUENC 


EFF CIENCY RELATIVE TO THE IDEAL 
AS DETERMINED FROM MOTIONAL IMPEDANCE MEASUREMENTS 
FIG-4 





Fic. 4. 


in the air cavity in front of the microphone diaphragm has been omitted. 
Information in regard to this latter correction will be published in the 
near future. 

Fig. 4 is a curve obtained from impedance bridge measurements 
of the electrical motional impedance. The ordinate scale shows in db 
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the acoustic power output at different frequenices relative to the 
maximum possible acoustic output which would result from the use 
of an ideal loud speaker. The ordinate values were calculated from 
the following expression which involves the usual assumption that the 
motional resistance is all due to acoustic radiation. 


ARR 


= 10et ——— 
(Zu + R, + Z.)? 


Where 


: = Resistance of the Electrical Supply Source 
m = The Motional Resistance 


NB DB 
I 


m = The Motional Impedance 


Z. = The Damped or Blocked Impedance of the 
Moving Coil. 


Satisfactory results have been obtained by using this loud speaker 
in conjunction with both baffle and horn type loud speakers. It may be 
mounted with the horn mouth extending through a baffle board adjacent 
to one or more baffle speakers or it may be suspended in the mouth 
of a large horn. The combination is most suitably coupled electrically 
by means of a network that causes the electrical power within a pre- 
determined frequency range to be delivered to the particular loud 
speaker that is efficient in that frequency range. This avoids a loss 
in efficiency and at the same time prevents rattling or damage to the 
high frequency loud speaker by large amounts of power at low fre- 
quencies. 

Fig. 5 shows a response-frequency curve obtained by using the 
above high frequency speaker with a regular Western Electric speaker 
having a 60 cycle cut-off exponential horn. This figure also shows the 
electrical coupling network used; the division of electrical power occur- 
red at about 3000 cycles. The small speaker was suspended in the 
mouth of the large horn. The response measurements were made in 
a room 34’X18’xX9’ with the walls covered with hair felt and monks 
cloth. The condenser microphone was rotated in an inclined circle 6 
feet in diameter about a point on the large horn axis 12 feet from the 
mouth. The same microphone corrections have been applied as in 
Fig. 3. 

ADVANTAGES AND LIMITATIONS 


The improvement in the reproduction obtained by efficient trans- 
mission of the very high frequencies may be due in large measure to 
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a reduction in the distortion of transient sounds. It is a well-known fact 
that the time required in a linear system for a change from one steady 
state condition to another is inversely proportional to the width of the 
transmitted frequency band. If the loud speaker becomes inefficient 
above 4,000 cycles the transmitted frequency band does not seem to 
be adequate and as a result certain impulsive or transient sounds are 
subdued and lose their character. The high frequency loud speaker 
makes it possible to increase the transmitted frequency band several 


TO HIGH FREQUENCY } + 
LOUD SPEAKER 

TO LOW FREQUENCY 
LOUD SPEAKER 


: eae 4 
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FREQUENCY 


RESPONSE -FREQUENCY CURVE OF 60 CYCLE CUT-OFF EXPONENTIAL HORN 
WITH HIGH FREQUENCY LOUD SPEAKER IN CIRCUIT SHOWN 
FOR MEASURING CONDITIONS SEE TEXT 
FIG-5 





Fic. 5. 


times and thereby brings about a distinct improvement in the repro- 
duction of these impulsive sounds. 

Aside from the improvement in naturalness of reproduction, the 
use of a separate loud speaker for the high frequencies has an advantage 
in permitting a more favorable design of the associated low frequency 
loud speaker as discussed by C. R. Hanna.* The air chamber dimen- 
sions of the latter speaker need not be as small as would be necessary 
were it required to reproduce the higher frequencies so that larger 


3“Loud Speakers of High Efficiency and Load Capacity” by C. R. Hanna, Journal 
A.LE.E., April 1928. 
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volume displacements and consequently greater acoustic output 
powers can be obtained. A considerable saving may therefore result in 
the number of loud speakers required for installations where multiple 
operation is used to obtain the needed sound output power at 
the low frequencies. In addition, it becomes unnecessary to keep the 
vibrating mass as small in the low frequency loud speaker making it 
possible to use more conductor material in the moving coil and to 
thereby obtain in many cases better electro-mechanical coupling and 
higher efficiency. 

More favorable sound field distribution characteristics may also be 
effected by using an auxiliary loud speaker for the high frequencies. 
The sound radiated by loud speakers of large dimensions often be- 
comes too concentrated in one direction at the higher frequencies due 
to the radiating surface being very large compared to the wave length. 
By using a small loud speaker to radiate the higher frequencies, this 
excessive concentration of the sound field is avoided. While field dis- 
tribution measurements have not been made on the loud speaker herein 
described, calculations and aural observations indicate the angle 
subtended by the more intense portion of the sound field at 10,000 
cycles to be about 90°. With this large angle, it should seldom be 
necessary to use more than one loud speaker in order to obtain satis- 
factory sound distribution. 


The use of any loud speaker that efficiently reproduces the extreme 
high frequencies imposes severe requirements upon the system with 
which it is operated. In systems using recording programs, the “sur- 
face” or “ground” noise on both film and disc records becomes much 
more troublesome because much of the noise energy is in the high 
frequency range. To realize the full value of improved high frequency 
performance in the loud speaker, recordings with very low noise levels 
must be used as otherwise the increased noise may be more objection- 
able than the loss of the high frequencies. Even in program supply 
and broadcasting circuits where there is no recording process, special 
care must be taken to exclude extraneous noises due to electrical in- 
duction which might be quite tolerable if the system did not respond 
efficiently to the high frequencies. Amplifier overloading and any 
other distortion in the system is also much more readily detected 
by the ear when the high frequencies are present. This tends to make 
it necessary to use higher powered amplifiers and better equipment 
throughout. 
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At the present time, these and other considerations seem to pre- 
clude the general use of a loud speaker capable of efficiently reproducing 
the entire audible frequency range. While the addition of the extremely 
high frequencies is an accomplishment greatly to be desired, it is, never- 
the less, a refinement which cannot be achieved through improvement 
of the loud speaker alone; development of better apparatus and tech- 
nique in the rest of the reproducing system must keep pace. 
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A CONCATENATED CONE SPEAKER 


By A. V. BEDFORD 
R.C.A. Victor Co. 


An ideal speaker might be a point source of sound. In order to be a 
true point sound source in open space, the generator would have to 
actually be an A.C. source and sink' for the transmitting material (air). 

Such a “source and sink” seems to be too difficult to even approximate 
in practice so that we will make another step toward reality by assum- 
ing an infinite baffle dividing space into two parts. Then we will place 
our “point source” in the middle of the baffle and give it only the duty 
of pumping air alternately from one side of the baffle to the other 
through a hole which is small in diameter compared to a half wave 
length of the sound. It will then generate a set of hemispherical waves in 
opposite phase on each side of the bafile. 

It appears that a piston is the best sort of device for doing this. Both 
theoretical and experimental considerations have shown that the 
impedance of the air is small compared to the reaction of the lightest 
practicable piston, so that inertia becomes the factor that limits effici- 
ency. Also, in order to generate constant sound pressure for variable 
frequency the pumping action must vary inversely as the square of the 
frequency. This is produced by a constant force acting upon astiff 
diaphragm controlled only by its mass. In view of these considerations, 
a freely mounted paper cone diaphragm was chosen to be driven by a 
current carrying coil in a fixed magnetic field. 

Let us see what law governs the velocity of an inertia controlled 
piston driven by a moving coil whose total impedance is practically the 
D.C. resistance of the coil. Let M, be the mass of the piston and M, be 
that of the conductor. If m is the number of turns, the RMS value of 


the force is: 
F = Kyl (1) 


where K, is some constant proportion to field strength and J is current 
in the coil. But current input is: 


1-2 (2) 


1 By “source and sink” is meant that there would have to be an actual alternate creation 
and destruction of the air. If the “point” source is permitted to have finite size the air might 


be alternately compressed within the device itself, becoming a special case of the classical 
“pulsating sphere.” 
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where P is power and R is coil resistance 


. 
_ F = Kms = (3) 


But the resistance of the coil is 
Kon? 


M. 


where K; is a constant proportional to mean turn legnth. 


Kon? me 
_F=Km p/=* = Ky/M.P (4) 


where K; is a new constant leaned K, and Kg. 

We see from (4) that for a uniform winding the force for a given power 
input is independent of the number of turns but depends only upon the 
total mass of conductor. 

Now the force F is used only to accelerate the mass of the coil M, and 
that of the piston /, so that the RMS velocity of the piston is 

F 
V = ———_——__. (5) 
2nff(M, + M.) 
Now insert value of F from (4) 
es VP VM. P 
2nff(M» + M.) 

A plot of V against M,. shows V to be a maximum for M, equal M, 
but also shows that the ratios of M, and M, can be as much as 2or 3 
without great reduction from optimum efficiency. 

From equation (6) it may further be shown that for a given ratio of 
M, and M,, V varies inversely as »/M.. This shows the desirability 
of using a light moving structure. 

Now for a simple paper cone piston the area A is proportional to the 
mass or 











A = KiM, (7) 
The pumping action W of a piston is then 
W =VA. (8) 


Then taking values of V and A from (6) and (7) 


KiKy\/ P =. M, 
nf a+ Me 
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For a constant ratio (K;) between M, and M,: 


M. 


KM, (10) 


KiKx/P /K; — | 
Se. eo, (11) | 
anf 1+Ks 


And W 





This shows that the total pumping action W is greatest for a given 
power input when 1, is greatest. 

We can now conclude that in order to obtain great power efficiency 
in an inertia controlled speaker, we should make the effective cone area 
large, that the cone should be light and that the driving coil should be 
as heavy as the cone. 

In this entire work we have based our hopes of making a faithful 
speaker upon the piston being effectively a point source at all frequen- 
cies. Let us see how small the cone must be to fill this ideal. 


(4) 


| power 
yon the 


The mathematical analysis of the radiation from the concave side of 
cone in a baffle appears too complicated to invite a rigorous attack so 
that we will try to get a satisfactory idea from an inspection of our men- 
tal picture of a sound wave. We know that all of the air in the line 
of propagation in a half wave length of a simple harmonic sound wave 


Mand 
is moving in the same direction at any given time, even though it is 


(5) 


moving at velocities varying all the way from zero at one end up a sine 
wave peak at the middle and down to zero at the other end of the half 
wave length. Hence it seems that any rigid piston whose two farthest 
separated generating elements are not more than half a wave length 
apart (measured along the shortest available free air path) could not, 
by interference of radiation from different elements, produce a resultant 
wave which has most of its energy effectively directed so as to produce 
other than substantially a spherical wave. Nowsince stiffness versus mass 
considerations restrict us to a cone of greater than 90° angle obviously 
the greatest distance separating any elements of a concave conical 
piston is its greatest diameter. 

For our highest frequency (of 5000 C.P.S.) we may use a cone as 
large as 1.1 inches. For the intermediate frequency of 1000 C.P.S. and 
below, a cone 53” diameter and for frequencies below 200 a 27” cone 
may be used to generate a spherical wave. (Practical values will be 
given later). Of course, the smallest cone would generate spherical 
waves even at the lowest frequencies. However, a consideration of 
(9) equation (9) shows the very low efficiency for small generators so that 
it becomes desirable to use the larger cones for frequencies that permit it. 


(6) 


jual M, 
s 2or3 


ratio of 
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The several cones might be three separate speakers with electrical 
filters to determine the distribution of power to the units. The problem 
of sound interference at frequencies nearer transition of power supply 
from one cone unit to another, requires that the units be placed very 
close together and this can best be done by making the several cones 
concentric. Further, the matter of cost and complications makes 
it desirable to use a single driving coil and use a simple mechanical 
coupling device to select the correct cone to be driven at any particular 
frequency. 

Messrs. Rice and Kellogg recognized this? and suggested the use of a 
composite cone consisting of two or more concentric cone sections 
coupled together by annular rings of elastic material. It was intended 
that the couplings would be stiff enough to drive all the cone sections 
at the low frequencies and at high frequencies the inertia opposition 
of the larger sections would be so great that the elastic coupling 
would flex instead of driving the larger cone. However, at certain fre- 
quencies in the useful audio range the several masses resonate with the 
compliances so that the amplitude of motion of the several sections far 
exceeds that which would be permitted by simple inertia control, 
producing major peaks in the frequency-response characteristic. 

In the speaker which is the subject of this paper, the several paper 
cone sections are coupled together by a flexible material glyptal, which 
is primarily damping instead of elastic in nature. Samples of this 
material tested in a special machine* exhibited an energy component 
of force which was quite accurately proportional to the velocity of strain- 
ing for the frequencies tested. (2 to 60 C.P.S.). In the common elec- 
tro-mechanical analogy in which velocity becomes current and force 
becomes voltage, this property becomes resistance. A measurement of 
the modulus of elasticity revealed that the unit capacitive reactance, 
X., of glyptal (in the analogy) is equal to its unit mechanical resistance 
R. at 1.1 cycles per second. X, and R act as though they were in series. 
Then since X, decreases with increase of frequency it may be neglected in 
comparison with the constant, R, for audio frequencies. 

Fig. 1 shows the manner in which the glyptal was applied to the three 
cones together. It also shows the equivalent analogous electrical circuit 


2 A.LE.E. Transactions, April 1925. 
3 This machine forces continuous transverse waves to travel around the periphery of 
a disc sample and measures the power spent so that the effect of damping forces are 
separated from elastic and inertia forces for measurement. The author hopes to publish 
full description and data on other materials later). 
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assuming the separate cones to be rigid masses for their respective oper- 
ating frequencies. The elasticity of the glyptal rings has been neglected 
as is shown by the omission of condensers in series with the resistance. By 
using very flexible mountings the reactance of C; and C; may be made 
negligible except at frequencies almost below the audible range. Then 


if Dem and Dm, have the correct values, most of the current supplied by 
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Fic. 1. Concatenated Cone and Analogous Electrical Circuit. 


the voltage F will flow through all the inductance at low frequencies, 
thru M,, M,, and D,,,, for the intermediate frequencies and thru /, and 
Dsm for the high frequencies. Since current is analogous to velocity it is 
evident that the small cone will produce the high frequencies, the small 
and middle cones the middle frequencies, and that all three cones will 
vibrate to produce the low frequencies. Since the shunting devices are 
not reactive in nature there will be no resonances, and the transition 
of action from one cone to another occurs smoothly. 

It should be noted that inertia control of motion is still preserved, as 
the force produced by the coil is opposed only by the inerita of the 
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cones. This may be seen in the analogous circuit in that the vector sum 
of the three voltages across the three inductance is equal to the total 
applied voltage F. Now, for a constant force on the coil the velocity of 
motion for any frequency varies inversely as the total effective mass 
and the pumping action is proportional to the effective pumping area 
for a given velocity. Hence, the sensitivity in pumping action of any 
such system of cones varies as its effective ratio of area to mass. 

It is well known that for high frequencies, the common microphone 
(which is about 34 inches in diameter) due to its obstacle effect, causes 
the pressure on its diaphragm to be twice that of the unopposed sound 
field in which it is placed. The effect begins at about 600 C.P.S. with a 
very slight increase of pressure and gradually causes a maximum of 
two-fold increase at about 2000 C.P.S. The loudspeaker is always de- 
pended upon to correct for this as in service it always receives its 
signal from such a microphone and also when being tested its output is 
measured by a similar microphone. Furthermore, the smallest cone 
in this concatenated structure is situated at the apex of a shallow horn 
formed by the other two cones so that for high frequency the smaller 
cone will produce more sound for a given pumping action. This repre- 
sents about a 50 percent gain for the 120 degree cone structure. To 
compensate for these two effects the areas and masses were made such 
that the ratio of the area to mass for all cones acting together was 
about three times (13 <2) that for the small cone. The same ratio of 
area to mass, for the small and middle cones acting together was made a 
mean between that for the other two. Considerations of efficiency and 
experiment caused the compromise which makes the diameter of 
the small cone exceed the ideal values previously given for a point 
source. 

The experimental test curves on this speaker are shown in Figs. 
2, 3, & 4. For comparison, similar curves are given for a popular eight- 
inch corrugated paper cone. Factors are given on the curves so that 
sensitivity comparisons can be made showing that the regular cone is 
about 35% more sensitive in voltage or about twice as sensitive in 
power. Unfortunately glyptal changes its resistance very much with 
temperature and Fig. 5 shows its effect upon the speaker characteris- 
tic. However, the change in characteristics is not great for the average 
living room of theatre temperature range. 

The response curves of the concatenated cone speaker, in addition to 
being somewhat less peaked, further shows their variations of response to 
occur more nearly at the same frequencies for the several different micro- 
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phone positions than do those for the regular cone.* This seems to indi- 
cate the generation of a more simple or spherical sound waves. This fact 
would be a great point in favor of the concatenated structure if an 
attempt should be made to further correct the speaker response by 
electrical compensation. 

Numerous listening tests using very high quality signal source 
showed a marked preference for the concatenated cone; however, an 
official comparitive listening test using recorded signal did not show an 
appreciable advantage. The writer’s personal preference for the con- 
catenated cone is partly due a noticeable less fatigue in listening to long 
programs. Apparently the unconscious mind is capable and willing to 
correct for considerable distortion but gradually tires of the task. 

Probably most of the irregularity in response of the concatenated 
cone (at 1300, 2300, and 2500 C.P.S.) is due to the cones themselves 
vibrating in parts and the difference in phase change in the sound as it 
travels the different distances from the several cones to the microphone. 
Both of these are attributable to the excess size of the units. 

Only economic balance can choose between sensitivity, initial cost, 
and quality and determine the best speakers for any particular applica- 
tion. 


* Other position curves not shown here showed the same characteristics, so that it cannot 
well be due to accident or room conditions. 


THE PHASE DIFFERENCE AND AMPLITUDE RATIO 
AT THE EARS DUE TO A SOURCE OF PURE 
TONE 


F. A. FrrRESTONE 


University of Michigan 


ABSTRACT 


Measurements of phase difference and amplitude ratio of the sound entering the ears of 
a man-shaped wax dummy were taken with the source at varying azimuths around the head; 
at 256, 1024, and 1944 cycles per second; and at distances of 20, 50, 100, and 400 cm. from 
the head. The measurements at the two lower frequencies agree with the values published 
by Hartley and Fry computed on the assumption that the head is a rigid sphere in free space, 
except that the observed values of amplitude ratio are about 13 percent less than the computed 
values on account of the interference of the neck. The observed values at 1944 cycles are 
quite different from the computed values. 


PURPOSE 


For several years past there has been considerable discussion in the 
literature as to how it is that with our two ears we are able to locate 
the angular position and approximate distance of sound sources. In 
an effort to collect data on this subject several experimenters, notably 
G. W. Stewart,* have performed series of experiments in which pre- 
sumably pure tones were conducted to the ears of a subject through 
devices of such a nature that the amplitude ratio and phase difference 
of the acoustic pressures at the two ears could be varied in a known 
way. The subject was asked to state the direction in which the sound 
source appeared to be. Hartley and Fry** pointed out that in an experi- 
ment of this kind it is possible to apply to the ears many combinations 
of amplitude ratio and phase difference which could not possibly arise 
from any actual sound source in the open and that in such cases there 
must be a psychological adjustment of discordant data. They pub- 
lished a series of curves giving the amplitude ratio and phase differ- 
ence at the ears for different frequencies, distances, and azimuths of a 
point source of pure tone, which curves were computed on the assump- 
tion that the head is a rigid sphere in free space and that the ears are 
properly placed holes on the surface of this sphere. On the basis of 
these computed curves and Stewart’s data they discussed the nature 
of the psychological adjustments to those combinations of amplitude 

* The Function of Intensity and Phase in the Binaural Location of Pure Tones. Phys. 


Rev. 15, May 1920, pp. 425. 
** The Binaural Location of Pure Tones. Phys. Rev. 18, Dec. 1921, pp. 431. 
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ratio and phase difference which the computed curves showed to be 
impossible in actual experience. 

The purpose of this investigation was to measure the amplitude 
ratio and phase difference at the ears of a man-shaped dummy when 
an actual source of pure tone was sounded at different azimuths and 
distances from it. The assumption of Hartley and Fry that the head 
is a rigid sphere in free space and has holes for ears is only roughly 
approximated in practice where one would expect an appreciable in- 
fluence of reflections from the shoulders, the sound collecting effect of 
the external ear, and reflections from the ground. 


APPARATUS 


The dummy comprised a man-sized wax bust such as is used in 
window displays. The bust was hollow and built of a hard wax about 
two centimeters thick. It was fastened to a wooden box approximating 
the size and shape of a man’s body, the whole body and shoulders being 
covered with one-half inch hair felt. The wax head, however, was left 
bare. The head had a circumference measured horizontally just above 
the ears of 54.5 cm., over the head and under the chin a circumference 
of 65.0 cm., and a diameter measured just in front of the ears of 16.4 
cm. Each ear was equipped with a Baldwin earphone which was used as 
a microphone. Each earphone was mounted inside the head in such a 
manner that its diaphragm occupied approximately the position of the 
ear drum. A heavy brass tube of appropriate diameter served as ex- 
ternal auditory meatus. The head was filled with coarse sand to keep 
the wax shell, which supported the microphones, from vibrating. As 
shown in Fig. 1, this dummy was mounted in a horizontal position above 
a flat wooden platform, 10 by 30 meters, on the roof of the building 
and was arranged so that it could be rotated about its horizontal axis 
through known angles. 

The source of sound was a Baldwin loud speaker unit which was 
attached to a three-quarter inch pipe of proper length to resonate to 
the fundamental frequency, thus securing satisfactory volume and fair 
purity of tone. This pipe projected through the wooden platform, the 
end of the pipe being flush with the platform. In this manner a good 
approximation to a point source in free space was secured. The only 
disturbing reflections came from the dummy itself and from a few ven- 
tilators at a distance on the roof. The dummy was supported by a 
simple framework of two inch pipe near the foot. While the condi- 
tions are not exactly those of free space they are more nearly so than 
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is ever the case in ordinary experience; consequently, any small errors 
introduced on this account are not of importance. 

The problem of the measurement is to determine the magnitude 
and phase of the voltages which are generated by the microphones 
due to the sound which actuates them. It might be said that the princi- 
ple of the method which was used is that of an alternating current po- 
tentiometer in that the unknown voltage generated by a microphone is 
opposed and balanced by a voltage of known and adjustable magnitude 
and phase, balance being indicated by silence in headphones. The 
circuit is shown in Fig. 1. A vacuum tube oscillator supplies current 
to the source and also to the device which has been called a ‘‘phase 
shifter.’ This phase shifter consists of two approximately square coils 





PHASE MAGNITUDE 


Fic. 1. Diagram of apparatus to test the reception of sound by two ears. 


about 25 cm. on a side which have their planes at right angles and 
their centers coincident. A pickup coil about 3 cm. in diameter is 
mounted at the center of these coils on a shaft which lies in the line of 
intersection of the planes of the two coils. The two square coils are 
connected to the oscillator, one through a resistance of such value that 
the current through the coil lags the voltage of the oscillator by about 
45 degrees, and the other through a resistance and condenser of such 
value that the current leads the voltage of the oscillator by about 45 
degrees. These values are also so chosen that the currents through 
the two coils are approximately equal. A little reflection will show 
that if the magnetic fields of the two coils are at right angles in space, 
equal in magnitude, and 90 degrees different in phase, then the magni- 
tude of the voltage induced in the pickup coil will be independent of 
its orientation about the shaft mentioned but the phase of the voltage 
induced in it will be changed by an Angle A when the coil is rotated 
through an angle A. The shaft on which the pickup coil was mounted 
was equipped with a dial on which the phase displacement could be 
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read directly in degrees. An electrostatic shield surrounded the pickup 
coil. 

The magnitude of the voltage received from the phase shifter was 
controlled by a dial resistance box in series with a 46,000 ohm resistor 
and the pickup coil. The voltage across the dial box is approximately 
proportional to the resistance of the box Since the current in the circuit 
is almost constant. Since in this experiment relative values are suffi- 
cient the settings of this box were taken as the voltages, a small com- 
puted correction being applied for the slight diminution in current 
in the circuit as the resistance of the box is increased. The reactance 
of the pickup coil was measured and found to be so small that the phase 
of the current in its circuit was not appreciably changed by a change 
in the setting of the dial resistance box. 

It can thus be seen that there is one dial which controls the phase 
of the balancing voltage without changing the magnitude and another 
dial which controls the magnitude without changing the phase. The 
voltage from the dial resistance box goes to an amplifier whose output 
is in series with the output of the amplifier which receives the voltage 
from one of the microphones. This combined output goes to the de- 
tecting device which consists of an adjustable band pass filter which 
passes the fundamental and reduces the harmonics to one percent of 
their previous value, an amplifier, a tuned circuit which passes the fun- 
damental and reduces any remaining harmonics another factor of one 
hundred, and a tube voltmeter which indicates the amount of the al- 
ternating current on meter A and amplifies it for the headphones. Al- 
though the source of sound may not be particularly pure, the filters 
in the detecting device insure that the readings will all be made with 
the fundamental only. That this result was achieved is attested by 
the fact that the balance was characterized by absolute silence in the 
headphones except for a certain amount of wind and street noises. 

The phase shifter circuits were adjusted by experiment. With 
neither microphone connected, a certain amount of voltage was sent 
from the phase shifter through the detecting circuit and indicated on 
meter A. The resistors and condenser in series with the coils of the 
phase shifter were then adjusted till the meter A showed a constant 
voltage as the pickup coil was turned around. It was estimated that 
in this manner the phase shifter could be adjusted to give readings 
correct to one degree. 

In taking observations first one microphone was connected to the 
amplifier and its voltage determined in magnitude and phase by ad- 
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justing the phase and magnitude dials till silence was achieved in the 
headphones. At 256 cycles the error of setting was less than one degree 
and a little more than one percent. At 1944 cycles the error of setting 
was about 5 degrees and three percent as there seemed to be an erratic 
time variation in the velocity of sound on the roof which would keep 
the phase of the sound arriving at the microphone continually shifting. 
A microphone placed near the source did not experience this effect, 
but a microphone at a distance was troubled in this way by an amount 
which was roughly proportional to the distance. This change in velocity 
was probably due to the blowing of air of uneven temperature across 
the roof of the building. It was present even on nights having a mini- 
mum of wind. 

After the voltage generated by one microphone had been measured 
in magnitude and phase, the voltage of the other microphone was 
similarly measured. Unfortunately, these readings cannot be directly 
compared since the microphones are not of equal sensitivity and they 
also have a relative phase difference. To surmount this difficulty the 
following procedure was followed: If it was desired to measure the 
amplitude ratio and phase difference of the sounds at the ears due to 
a source at an azimuth of 10 degrees from the median plane the dummy 
was first turned till the source was 10 degrees to the right of the 
median plane and the two microphone voltages were measured. The 
dummy was then turned so that the source was 10 degrees to the left 
and the two voltages again measured. Assuming symmetry of the 
setup, it is evident that the two readings taken with the right ear mi- 
crophone may be used for computing the desired amplitude ratio and 
phase difference since this right ear had been in one case the ear nearer 
the source and in the other, the farther. Similarly, the readings taken 
with the left ear microphone serve as an independent determination 
of the desired quantities. The values determined separately from the 
two microphones were averaged to obtain the final result. 

Many precautions were taken to eliminate the errors that are usually 
present in measurements of this sort. The sound which actuated the 
microphone entered only by way of the external auditory meatus as 
was tested by placing a cork in the meatus and noting that the voltage 
generated by the microphone was reduced to one percent of its previous 
value. “Bone conduction” was less than one percent in amplitude. 
There was negligible electrical coupling between the source and the 
microphones, as the microphone voltage was reduced to one percent 
when a cork was placed in the source pipe. The input amplifiers were 
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checked for constancy of amplification factor with different input volt- 
ages. The nicety with which the observations fall on a smooth curve 
gives considerable confidence in the accuracy of the results. 
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Fic. 2. Results of measurements at 256 cycles. 


Observations were taken at many azimuths and four distances of 
the source from the center of the head, 20, 50, 100, and 400 cms. In 
measurements of this sort the 400 cm. distance gives results almost 
the same as an infinite distance since 400 cm. is fairly large compared 
with the diameter of the head. A complete set of measurements was 
taken for each of three frequencies, 256, 1024, and 1944 cycles per 
second. For the observations with the source at distances 100 and 400 
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cm. the source was flush with the roof as explained above while the 
dummy was supported above the source at the proper height. For 
the shorter distances it was felt that the repeated reflections between 
the dummy and the roof would cause an appreciable error when the 
dummy was used so close to the roof. Consequently, for the obser- 
vations at distances 20 and 50cm. the dummy was supported horizontally 
400 cm above the roof and the source was supported just below the 
dummy at the proper distance. Under these circumstances there is an 
error due to reflections from the roof but since the sound amplitude is 
inversely proportional to the distance, the reflected sound has only 7 
percent of the amplitude of the direct sound from the source at 50 cm. 
Furthermore, this reflected sound comes from the same side as the 
direct sound so that its effect on the measurements is a minimum. 
At the 20 cm. distance the reflected sound is only 3 percent of the direct 
in amplitude. 
RESULTS 


Fig. 2 shows the results of the measurements at 256 cycles. The 
curves of amplitude ratio against azimuth for different distances are 
very similar in shape to the computed curves given by Hartley and 
Fry. (Where Hartley and Fry plotted energy ratio I have chosen to 
plot amplitude ratio since most measuring devices give an indication 
proportional to the amplitude, and sound reproducing devices give 
pressure amplitudes proportional to their measured input). In the 
following table computed values interpolated from the curves of Hart- 
ley and Fry are compared with the measured values. The observed 


256 cycles, azimuth 100 degree 





Distance Amplitude Ratio Phase, Degrees 
Computed Observed Computed Observed 
400 cm. .90 81 71 73 
100 .76 . 66 71 70 
50 154 .50 72 74 
20 .28 “ae 73 68 








values of amplitude ratio are about 13 percent lower than the computed 
values, as would be expected when one considers that, in looking at 
the side of the head, the neck appears to be attached to about 20 per- 
cent of the circumference of the head. This obstructs the passage of 
a certain amount of sound to the opposite ear. While the observed 
and computed phases are of the same magnitude they do not agree 











CT. 


the 
For 
reen 
the 
ser- 


outed 
ng at 
) per- 
ge of 
erved 
agree 


1930] F. A. FIRESTONE 267 


exactly and furthermore the observed phases do not increase regu- 
larly as the distance is decreased. This is probably due to the fact 
that small reflections from the shoulders and other objects are capable 
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Fic. 3. Results of measurements at 1024 cycles. 


of producing the few degrees of perturbation from the expected order. 
This makes it seem unlikely that at frequencies of 256 or less the phase 
difference should be capable of informing the subject as to the distance 
to the source, as was suggested by Hartley and Fry.* If we had here 
reflections from the surface of the ground as in any practical case, the 
confusion of the phase difference would be still worse. 


* The function of Phase Difference in the Binaural Location of Pure Tones. Hartley and 
Fry, Phys. Rev. XIII, June 1919, pp. 373. 
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Fig. 3 shows the results of the measurements at 1024 cycles. These 
curves are also of the same shape as the computed curves, the hump 
in the center of the amplitude ratio curve being analogous to the bright 
spot in the center of a circular shadow. The following table gives the 
observed and computed values at this frequency. 


1024 cycles, azimuth 80 degrees 








Distance Amplitude Ratio Phase Difference, Degrees 
Computed Observed Computed Observed 
400 .68 .60 262 240 
100 .58 on 267 249 
50 47 41 269 265 
20 2 | 277 307 


— 


Here again the observed amplitude ratios are about 13 percent lower 
than the computed values. The observed phase differences, while not 
agreeing exactly with the computed values, are now in the proper order 
with decreasing distance because with the shorter wave length the 
actual phase differences are larger and the effect of disturbing reflec- 
tions is less in comparison. 

The results of the measurements at 1944 cycles are shown in Fig. 4. 
The computed curves of Hartley and Fry at 1860 cycles are of the 
general shape of our Fig. 3 except that their minima are lower and 
closer together so that the central hump is sharper. Our observed 
values at this frequency disagree with the computed values in several 
respects. The minima near 55 and 110 degrees azimuth are much 
lower and sharper than the computed curves show. Presumably, these 
minima are caused by the destructive interference between the sound 
which passes around in front of the head and that which passes a- 
round the back of the head. These two sounds being very nearly equal 
and opposite in phase, their resultant is very small in magnitude and 
the phase of the resultant may vary rapidly with slight changes in 
the direction of the source. It was observed that near these critical azi- 
muths the phase difference might vary as much as 360 degrees when 
the azimuth of the source changed by 5 degrees. On account of its 
erratic variations, the phase difference was not plotted in this criti- 
cal range of azimuths. In addition to the expected maximum in the 
amplitude ratio curves at 85 degrees azimuth there is a second promi- 
nent maximum at 140 degrees which is not easy to explain. It is not 
mere error of observation as it appears in all four curves of Fig. 4, 
and all four curves were repeated a year later with the same result. 
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When the external ears were sawed from the dummy the maximum 
was still present. It is at the ear farthest from the source that the 
rapid variation in sound pressure with azimuth occurs, this variation 
being responsible for this second maximum in the amplitude ratio curve. 
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Fic. 4. Results of measurements at 1944 cycles. 





CONCLUSIONS 


From these observations it is seen that near and below 1000 cycles 
the values of amplitude ratio and phase difference, which are computed 
on the assumption that the head is a rigid sphere in free space, are in 
good agreement with the facts, except that a better approximation 
can be obtained by reducing all the computed values of amplitude 
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ratio by about 13 percent. At frequencies as high as 2000 cycles the 
computed values differ from the observed values by a considerable a- 
mount. In view of the complicated relation between amplitude ratio 
and azimuth for a pure tone of 2000 cycles and the known fact that 
there is no phase effect at this frequency it is difficult to believe that 
such a tone could be localized. 
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BINAURAL LOCALIZATION OF PURE TONES 


By E. RussELL WIGHTMAN AND F. A. FIRESTONE 
University of Michigan 


ABSTRACT * 


Pure tones of frequency 256 cycles per second were presented binaurally to eight different 
observers, the phase difference and amplitude ratio of the acoustical pressures at the two ears 
being known and adjustable. The observers were asked to state the direction and distance of 
the apparent source of sound. Only three of the eight observers were influenced in their judg- 
ment of direction by the phase difference and even they were rather inaccurate. All were 
influenced more or less in judging direction, by the amplitude ratio. None was able to tell the 
distance of the source by the amplitude ratio. 


INTRODUCTION 


While several experimeters have studied the relationship between 
the phase difference of a binaural stimulus and the direction of the 
apparent source, we are not aware that any have asked their subjects 
to state also the distance of the apparent source. As is shown below, it 
seems theoretically possible for the subject to judge the distance of the 
source, under certain circumstances, by a stereo-acoustic effect utilizing 
the amplitude ratio, much as the direction may be determined by the 
phase difference. It was this connection between the amplitude ratio 
and distance which we tested, incidentally obtaining additional data 
on the relation between phase difference, amplitude ratio and direction. 

In Fig. 1 are shown the amplitude ratio and phase difference of the 
sounds at the two ears due to a real source of sound of frequency 256 
cycles per second, placed at a direction or azimuth as indicated by the ab- 
scissae and at distances from the center of the head as marked on the 
curves. The azimuth is measured from the front toward the rear. These 
curves were obtained by measurement* of the sounds entering the ears 
of a man shaped dummy and agree well with the curves computed by 
Hartley and Fry on the assumption that the head is a rigid sphere in 
free space. (The amplitude ratio should not be confused with the in- 
tensity ratio which is often used in plotting curves of this nature; 
the intensity ratio is the square of the amplitude ratio.) 

The phase difference depends on the azimuth, but its dependence 
on the distance of the source is slight and, due to the random reflection 
of sound from the shoulders, is erratic. Thus at this frequency, if we 
knew the phase difference of the binaural stimulus we could, by referring 


* See preceding paper by F. A. Firestone. 
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to the curve, find the azimuth of the source with an uncertainty of 
about 5 degrees near azimuth O, and plus or minus 25 degrees near 
azimuth 90. We would be unable to distinguish between front and rear 
since, for instance, azimuths 20 and 160 degrees give the same phase 
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Fic. 1. Results of measurements at 256 cycles. 


difference. Except for this ambiguity there is as shown by the curve, 
a simple relationship between the phase difference of the binaural 
stimulus and the direction of the source which produces it and therefore 
a proper appreciation of the phase difference by the ears would enable 
the direction of the source to be recognized. 

There is also a relation between the amplitude ratio and the dis 
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tance of the source, although this relation is not a simple one since 
the amplitude ratio depends on both the distance and direction of the 
source. But if a knowledge of the phase difference has already enabled 
a determination of the direction of the source, then the further knowl- 
edge of the amplitude ratio of the binaural stimulus enables the distance 
of the source to be determined. But even without a knowledge of the 
direction of the source, a knowledge of the amplitude ratio would 
enable a certain limiting distance to be determined as, for instance, an 
amplitude ratio of 0.40 would indicate that the source was certainly 
within 50 cm. of the head. The curves show that this method of deter- 
mining the distance of a source can be accurate only when the source is 
within about 100 cm. of the head and at the side, as it is only then that 
the amplitude ratio changes appreciably with the distance of the source. 
At greater distances, the distance of the source of pure tone cannot be 
determined unless its intensity is known, in which case the distance 
is estimated by the loudness at the point of observation. 

Thus the curves of Fig. 1 show the following relationships between 
the two physical characteristics of the binaural stimulus and two coor- 
dinates of position of the source: phase difference is a function of 
azimuth, amplitude ratio is a function of both azimuth and distance. 
With the knowledge contained in Fig. 1 we may make certain predic- 
tions as to the limitations of binaural localization as, for instance, we 
may be sure that distance cannot be determined by phase difference 
and that the determination of the direction of sounds of this pitch 
around azimuth 90 degrees will be very inaccurate. We can also predict 
that the amplitude ratio tells little concerning the direction of the 
source since at this frequency and for the source at a distance, the am- 
plitude ratio differs very little from unity at all azimuths. The 
ears cannot determine information which is not contained in the 
stimuli which they receive. But, on the other hand, they may not 
appreciate all the information which is contained in the received 
stimuli. In these experiments we attempted to determine the ability 
of naive observers to localize the synthetic tone of 256 cycles per second 
which was presented to them, paying particular attention to their abil- 
ity to tell the distance by the amplitude ratio. 


APPARATUS 


The sounds were presented to the observer by means of a telephone 
receiver on each ear. An ordinary type of high resistance receiver was 
used but a shim was placed under the diaphragm so as to increase the 
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air gap, thereby gaining greater constancy of sensitivity and freedom 
from distortion. To the receiver cap was attached a small box having a 
volume of 5 cc. and a tip such as is usually found on stethoscope bin- 
aurals (see Fig. 2). The purpose of the small box was to increase the 
total volume in front of the diaphragm so that small changes in volume 
during the experiment would be unimportant. Different shapes of tips 
were used so that a snug fit could be achieved on all observers. 

The receivers were supplied with sine wave voltage of frequency 256 
by the circuit shown in Fig. 2. A vacuum tube oscillator with band 





Fic. 2. Apparatus used for Binaural Localization of Pure Tones. 


pass filter feeds into a UX 250 amplifier. The ouput of this amplifier is 
divided, part going directly through a filter circuit and potentiometer 
to one phone, while the other part goes through the phase shifting de- 
vice and a filter to the other phone. This phase shifting device is the 
same as described elsewhere by one of us [F. A. Firestone, ibid.] and is 
capable of producing a known and adjustable phase shift which is con- 
trolled by the setting of a single dial. The magnitude of the voltage 
output from the phase shifter does not depend on the phase setting. 
The filters which are used just ahead of the phones consist of a single 
anti-resonant circuit with appropriate series resistors. A condenser of 
suitable value was placed in series with the phones, and the potentiom- 
eter was so designed that the phase of the voltage across the phone 
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was not changed when its magnitude was altered by varying the po- 
tentiometer. A tube voltmeter was used to measure the voltages across 
the phones. 

On account of the difference in sensitivity and phase lag of the 
phones one cannot say that sounds of equal intensity and phase are 
produced by them when they are supplied with equal voltages which 
are in phase. To surmount this difficulty the sensitivity ratio and phase 
difference of the phones was determined by applying them to the null 
box shown in Fig. 2. This consists of a small soft rubber adapter by 
means of which the receivers may be symmetrically attached to the 
opening of a pair of stethoscope binaurals. With a constant voltage on 
one phone, the magnitude and phase of the voltage on the other phone is 
yaried till no sound is heard in the binaurals. If the phase shifter is 
now turned 180 degrees we know that the sounds produced by the two 
receivers are in phase, and that if they are connected to equal volumes 
the resulting pressure amplitudes will be equal. The fact that the balance 
on the null box gave silence is considerable evidence that the sound 
produced by each phone is a pure tone, since it would be fortuitous 
that the harmonics should balance out at the same phase setting as the 
fundamental, especially when one notes the dissimilarity of the circuits 
through which the voltages for the two phones have come. 


PROCEDURE 


The observer, wearing the phones, sat in the center of a large room 
and indicated the position of the apparent source of sound by motioning 
to the experimenter, who adjusted a rod to the indicated position. 
The azimuth and distance of the rod were then recorded. At the begin- 
ning of each sitting the observer was handed the following written in- 
structions. 

You will listen to sound in the headphones. This sound will appear to come to you froma 
certain place in the room. As the operator makes certain changes the apparent distance and 
direction of the sound may change. No regular order will be followed in making these changes. 
The sound will probably appear to come froma point on the level of the head and may appear 
to be either several feet away or within a few inches of the head. You are to indicate to the 
operator the exact point from which the sound appears to come to you. 


Do not be discouraged if you are unable to locate the position of the source with certainty. 
In case of doubt make the best guess you can and tell the operator that you are guessing. 


The experimenter did not discuss the experiment further with the 
observer. The instructions clearly suggest what we wish the observer 
to hear, but the observer knows nothing of the nature of the changes 
in binaural stimuli which the experimenter is making, so that the only 
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way in which the observer can obtain a consistent and smooth relation 
between his position coordinates and the experimenters phase differ- 
ences and amplitude ratios is for him to make use of his binaural sense. 

All the observations reported in this paper were made at a frequency 
of 256 cycles per second. The following phase differences were used: 
—90, —70, —40, —20, 0, 20, 40, 70 and 90, the minus sign indicating 
that the phase of the sound in the left ear is leading. Phase differences 
larger than 90 degrees were not used since the curves of Fig. 1 show that 
75 degrees is the largest phase difference which can arise due to an 
actual source having this frequency. The following amplitude ratios 
were used: —0.12, —0.25, —0.50, 1.00, 0.50, 0.25, 0.12, the minus sign 
indicating that the amplitude at the left ear is greater. Each phase 
difference was used from seven to ten times with each amplitude ratio 
for each observer. For convenience, the amplitude ratio was kept con- 
stant while each of the phases was presented twice in a random order. 
Another ratio was then set and the list of phases again presented twice 
in another order. On later days the observations on a given ratio would 
be repeated so as to give the total number of observations indicated 
above. Eight observers were used, none being familiar with the theory 
of binaural phenomena. In changing the amplitude ratios, the ampli- 
tude in one ear was maintained at the value which was used for ratio 
1.00 while the amplitude in the other ear was reduced to the ratio de- 
sired. The amplitude used at ratio 1.00 was about 60 decibels above the 
threshold. The phones were always disconnected while changes were 
being made. 

In order to get a direct test of the possible influence of the amplitude 
ratio on the apparent distance of the sound, a further test was made in 
which the phase difference was set for 70 or —70 degrees, the value 
which it would have for a source at the side, and the amplitude ratio 
was varied to all the above values. In this experiment the observer 
was given the following additional instructions. 


The sound will now appear to come directly from the right or directly from the left. You are 
to state from which side it appears to come and from what distance. 


RESULTS 


While the work of certain other investigators has seemed to indicate 
that the direction of a pure tone could be quite accurately determined 
by the phase difference by most observers, only three of our eight 
observers were appreciably influenced by the phase difference in their 
estimation of direction and even these were inconsistent with them- 
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selves from day to day. Most of them were influenced more or less by 
the amplitude ratio in estimating the direction. None was able to ob- 
tain any consistent judgment of distance by the amplitude ratio. 
Some of the observers localized some of their sources in the rear, 
but all of the observations which have been plotted in this paper were 
localized in front. 

Observer S gave the most consistent results of all the observers for 
phase difference versus azimuth, his observations being plotted in Fig. 
3. In each graph of Fig. 3 phase difference of the binaural stimulus 
is plotted vertically and azimuth of the apparent image horizontally. 
The different graphs are for the different amplitude ratios as marked 
inthe upper corners. The points represent single observations. Accord- 
ing to the data of Fig. 1 the relation between phase difference and 
azimuth for ratio 1.00 (which corresponds approximately to a source at 
a great distance) is as shown in the graph in the upper left of Fig. 3. 
The actual observations for observer S agree roughly with this theoreti- 
cal curve statistically, but the individual observations are quite dis- 
persed. In going to different amplitude ratios the average observation 
was slightly shifted in azimuth but the phase difference was still the 
controlling factor in determining the direction. It should be noted that 
the combination of positive phase difference and negative amplitude 
ratio and vice versa could not be produced by an actual source so that 
the upper half of the negative ratio graphs and the lower half of the 
positive ratio graphs represent the observers response to binaural 
stimuli which are inconsistent with themselves. Part of the data on 
amplitude ratio versus distance for observer S are plotted in the second 
row of graphs in Fig. 4. The two graphs are for phase differences of 
— 70 and 70 degrees which correspond to a source at the side, amplitude 
ratio of the binaural stimulus being plotted as abscissae and distance in 
centimeters of the apparent source from the center of the head as ordi- 
nates. According to the data of Fig. 1 the relation between amplitude 
ratio and distance is as shown in the upper graphs of Fig. 4. Here also, 
the right side of the negative phase graphs and the left side of the 
positive phase graphs represent the response of the observer to binaural 
stimuli which are inconsistent with themselves. These data were chosen 
from the regular run in which the phase difference and amplitude ratio 
were both varied, and not the special experiment in which the phase 
difference was kept constant while the amplitude ratio was varied. 
As shown in the graphs, observer S localized all the sounds near the 
head and his estimate of distance was not appreciably changed by 
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changes in amplitude ratio. His observations at other phase differences 
were similar. 

Observer T gave observations on phase difference versus azimuth 
which were less consistent than for observer S; his results are shown in 
Fig. 5. At amplitude ratios of 1.00 and .50 his judgment of direction 
was obviously influenced by the phase difference, although to a lesser 
extent than one would expect from looking at the theoretical curve. At 
ratios of .25 and .12 he scarcely recognized the changes of phase differ- 
ence but localized the sound on the side having the greater amplitude. 
His judgments of distance, of which the lower graphs of Fig. 4 are 
typical, showed no relation to the theoretical curve. Observer 0 gave 
results of the same nature as observer 7. (Not plotted.) 

Observer WR, a schoolboy about 15 years old, shows practically no 
phase effect whatever, see Fig. 6. He localizes the sound on the side 
having the greatest amplitude and at an azimuth which depends on the 
amplitude ratio. As shown in Fig. 4, amplitude ratio did not affect 
his judgment of distance to any great extent. 

Observer C. placed all images in the immediate vicinity of azimuth 
—70 or 70 degrees and obtained no images in front, or closer to the 
front than 50 degrees. He was not in the least influenced by phase 
difference. For ratio 1.00 he placed about an equal number of images on 
the two sides. For ratio .50 he placed about twice as many on the side 
of greater amplitude as on the side of lesser amplitude. For ratios 
.25 and .12 he placed all images on the side having the larger amplitude. 
He estimated all distances as about 75 cm. regardless of amplitude ratio. 

Observer R showed only a slight phase effect but was appreciably 
influenced in his judgment of direction by the amplitude ratio although 
his observations were even more dispersed than those of WR. His 
estimation of distance was erratic. 

Observers W and Z were just able to tell right from left when the 
amplitude ratio was .12 or .25 but otherwise they showed no evidence 
of being able to localize at all. They had no phase effect. Only the 
typical results of Fig. 4 on amplitude ratio versus apparent distances 
have been published although we obtained a large amount of similar 
data. Several of the observers showed a tendency to ascribe greater 
distance to those amplitude ratios around .12 than to ratio 1.00, 
similar to the observations of T Fig. 4. This may be explained as due 
to the fact that the ratios were changed by decreasing the amplitude 
in one of the ears from the value which it had for ratio 1.00 so that the 
sum of the amplitudes in the two ears was less. The observer then sub- 
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consciously assumed that the reduction in loudness had come from the 
removal of the source to a greater distance. This effect was somewhat 
more pronounced in the special experiment in which the amplitude 
ratio only was varied while keeping the phase constant; since in this case 
the ratios were changed more rapidly, the observer recognized the 
apparent change in total intensity more easily. The truly binaural 
amplitude ratio effect, which would have caused localization of ratio 
12 within a few centimeters of one ear, apparently did not exist for 
any of the observers. 


DISCUSSION 


One reason why there has been so much controversy on the question 
of binaural hearing is illustrated by the individual differences shown 
in our data. Observer S had good phase effect and almost no intensity 
effect. WR had a marked intensity effect and practically no phase 
effect. ZT and O were midway between these two extremes. C placed 
all images at the sides apportioning them according to the amplitude 
ratio, and had no phase effect. W, Z, and R has no phase effect and 
were scarcely able to localize at all. Apparently this is one of the 
acoustical problems with complex tones which cannot profitably be 
analyzed into a problem with pure tones. 


It thus appears that the relation between phase difference of binaural 
stimulus and direction of the apparent source is, for pure tones, a 
rather indefinite and inaccurate one at best and that for many naive 
observers it does not exist. Supporting this indefiniteness of the phase 
effect of pure tones are the experiments of Willard L. Valentine (Jour. 
Comparative Psychology, VII Oct, 1927 pp. 357) on binaural beats who 
found that with a slow beat, of ten inexperienced subjects, none noticed 
the beat in 15 minutes of observing and that no rotation was observed 
by any subject except those to whom a rotation had been suggested. 
It may be that some experimenters have obtained more consistent data 
on phase difference versus direction because the tones which they used 
were not as pure as they thought. Our data do not prove that phase 
difference may not be an important factor in localization in everyday 
experience, as an observer might be able to localize a complex tone 
accurately while being unable to localize a pure tone. If the direction 
of low pitched complex tones at a distance can be determined, then the 
phase difference must be the informing factor since the intensity ratio 
for low pitched tones at a distance does not appreciably depend on the 
direction of the source. Also in binaural devices for submarine detection 
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the connection between phase difference and apparent direction js 
utilized. It therefore seems highly probable that phase difference is an 
important factor in localization of complex sounds although our 
observations show the inability of most observers to localize pure tones, 

Since our observers were unable to tell the distance of the source by 
the amplitude ratio, it must be that the distance of a source is usually 
told by its loudness at the point of observation coupled with a knowl- 
edge of the intensity of the source, and cannot be ascribed to a stereo- 
acoustic effect which would necessarily depend on the amplitude 
ratio. The fact that the direction of the apparent source was for most 
of our observers changed by varying the amplitude ratio would seem to 
indicate that the observers were accustomed to relying on the amplitude 
ratio to some extent in judging direction at least, when the source was 
close enough that the amplitude ratio would differ considerably from 
unity. Since there is known to be no phase effect whatever for most 
observers above roughly 1000 cycles per second, if high pitched tones 
can be localized at all, then the amplitude ratio (of each component) 
must be the informing factor. 
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AUDITION BY BONE CONDUCTION 


By C. E. DEAN 
Hazeltine Radio Laboratory, New York City 


ABSTRACT 


Audition resulting from vibration of the skull is investigated in various respects using 
audiometers with bone conduction receivers and other equipment. Applying the driving 
element at any point sets the entire skull into vibration, and the stimulus in one ear resulting 
from driving the skull on that mastoid is found to exceed the stimulus in the other ear by 
only 3.4+ 2.2 decibels. The statistical accuracy of bone conduction observations is found and 
compared with published air conduction results. The sensitivity on the mastoid exceeds 
that on the forehead by 5 db on the average. Tests of instruments for measuring air con- 
duction and bone conduction sensitivity to determine the amount of desired over undesired 
type of stimulation are described and the results given. The effect of a telephone receiver in 
producing hearing in the opposite ear is observed with two available cases of assured total 
deafness on one side and the data given. Beats involving bone conduction are observed. The 
fact that bone conduction sensations often seem in one ear is compared with similar results 
for air conduction stimuli under certain conditions and a general statement of all results is 


made. The problems of apparent hyper-sensitivity resulting from abnormality and occlusion 
are discussed in the light of the foregoing results. 


INTRODUCTION 


“Bone conduction” and “air conduction” are two terms introduced 
many years ago into the literature of audition by otologists to designate 
the two modes of audition for which they make tests. “‘ Air conduction” 
refers to hearing in the ordinary way and until recent years was univers- 
ally tested by holding the prongs of a vibrating tuning fork very close 
to the ear. “Bone conduction”’ refers to audition brought about as a 
result of setting the skull into vibration at an audio frequency, there 
being no sound audible in the air near the person listening. This is 
commonly tested by pressing the shank of the fork normally against 
the skull.! 

The results of these and related tests are partly the basis of the ear 
specialist’s diagnosis of ear troubles, whence they are of considerable 
practical importance. The work of various physicists and telephone 
engineers during recent years has laid a foundation for the otologist 
in taking air conduction observations. The purpose of the present work 
was to do something in this direction for bone conduction observations. 

That the entire skull of a person listening to a bone conduction 
stimulus is in vibration is easily demonstrated by applying an ordinary 


1 The best method of using a tuning fork in tests of AC and BC sensitivity is probably 


the alternating-AC-and-BC-test described by Dr. E. P. Fowler, Archives of Otolaryngology 
2, 529 (1925). 
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stethoscope at any point, and this fact has long been known? I have 
done the same thing with speech and obtained the same result. In 
detail the method consists of sending voice currents through the wind- 
ing of the special bone conduction receiver applied to the head of the 
first observer, thus setting up corresponding forced vibrations of the 





Fig. 1. Bone conduction receiver with cord and plug. The tip of the receiver 
is pressed against the head. 


skull. Then the second observer applies a stethoscope to any point of 
the skull of the first observer, whereupon the second observer can re- 
peat the words without difficulty. 


APPARATUS 


The principal items of apparatus were the Western Electric 1-A and 
2-A Audiometers* and the bone conduction receivers. Both audiometers 


2See for example Bezold, Zeitschrift fur Ohrenheilkunde 48, 107 (1904) particularly 
pp. 149 & 150. 

3 These are described by H. Fletcher in “Speech and Hearing,” Van Nostrand, New York, 
1929. 
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consist of a vacuum tube oscillator, a logarithmic intensity control and 
one or two special telephone head receivers. The 1-A audiometer could 
be used as an amplifier adjustable gain, which proved a valuable feature. 

The audiometers are graduated in ‘‘decibels,” (also called “db”, 
“transmission units,” ‘‘TU’’, “‘sensation units,” and ‘‘SU’’),‘ defined 
as ten times the common logarithm of the energy ratio. An increase of 
10 units in the reading of the dial multiplies the output energy by a 
factor of 10, 20 units by a factor of 100, and 5 units, the smallest step, 
by 10=3.16. Decreases in dial reading divide the energy by these 
factors. The decibel is a convenient unit for work in audition and is used 
hereafter in this paper. 

Of special interest is the bone conduction receiver which has been 
developed by the Bell Telephone Laboratories. This is illustrated in 
Fig. 1. It is an adaptation of a loud speaker unit which has been used 
in public address systems.’ In producing a bone conduction receiver 
from this structure the Bell Laboratories removed the diaphragm, 
provided a rod carrying the tip to be pressed against the head, and 
introduced a two-to-one mechanical leverage reducing the amplitude 
of motion and increasing the force. 


MEASUREMENTS OF THE ‘“‘ ACROSS-HEAD DIFFERENCE” 


The possibility of testing the BC (abbreviation for bone conduction) 
sensitivity of one ear without the likelihood of the subject hearing with 
the other ear depends on the difference in magnitude of the effects at 
the two ears and on any means taken to prevent hearing with the un- 
desired ear. For the difference in the effects at the two ears when a BC 
stimulus is applied on one mastoid, the name “‘ Across-head Difference”’ 
is proposed. It cannot be directly measured in normal cases, but can be 
measured in cases where there is complete loss of hearing on one side 
and fair or good hearing on the other, assuming that the right and left 
halves of the skull are alike. 

The method in such cases is merely to take observations of the BC 
thresholds on the right and left mastoids. With the source on the side 
of the good ear, only transmission to the nearby good ear is effective, 
and with the source on the opposite mastoid only transmission across the 
head to the good ear is effective. The latter from the assumed symmetry 
is taken to be the same as would be noticed from the mastoid on the good 

‘ Harvey Fletcher, Jl. Franklin Institute, 196, 289 (1923); see p. 297. W. H. Martin, 


A.LE.E. Jl. 43, 504 (1924). 
5 I, W. Green and J. P. Maxfield, A.I.E.E. Jl. 42, 347 (1923): see p. 355. 











284 JOURNAL OF THE ACOUSTICAL SOCIETY [Oct., 


side to the bad ear if it were normal, so that the measured difference is 
the difference between the effects at the near and far ears of a BC 
stimulus on one mastoid. 

Cases of undoubted complete unilateral deafness are rare, even in a 
specialist’s practice, and it was fortunate in the present work that two 
such cases were available for test. In both of these the auditory nerve 
had been cut surgically on one side to relieve the patients of a condition 
known as Méniére’s disease. There was a slight assymmetry in the con- 


TABLE I 


OBSERVATIONS WITH BC RECEIVER ON THE Two SIDES IN Two CASES HAVING TOTAL 
DEAFNESS IN ONE EAR 





Thresholds with BC | Thresholds with BC 














Case Freq. Receiver on Left Receiver on Right 

Mastoid Mastoid 
Man, age 48. 362 82, 88 82, 78 

Left auditory 512 83, 88, 88 78, 72, 85 
nerve cut. 724 75, 82 85, 85 
Right ear 1024 73, 80 78, 78 
normal. 1448 78, 78 15, t2 
2048 73, 83 77, 68 

Woman, age 34. 362 98, 85 88, 78, 84 
Left auditory 512 90, 85 80, 78 
nerve cut. 724 95, 88 92, 78 
Right ear 1024 Viste 80, 68 
near normal. 1448 18,49 82, 70 
2048 88, 77 78, 84 

Speech 90 83 


dition of the right and left halves of the skull due to the absence of a 
portion of the skull about 4 cm in diameter, where the entrance had been 
made to cut the nerve. This was just back of the left mastoid in both 
cases. 

The data obtained are given in Table I. Two or three observations 
for each side were made at all the half actave frequencies between 362 
and 2048 cycles per second. For one case a test was made using speech 
from a phonograph with an electromagnetic reproducer, the observer 
hearing numbers and repeating them as the volume was reduced until 
less than one-third of the digits were correctly heard. The differences 
between the averages of the observations at each frequency are the 
across-head differences, and these are plotted in Fig. 2, for both cases. 
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It is not to be expected that the two curves should coincide since 
the number of observations is limited and there are probable differences 
between the two skulls, due to age and sex. However, the general mag- 
nitude of the results is of interest. It may be noted that one of the differ- 
ences is appreciably negative, indicating that in this instance the modes 
of vibration of the skull were such that more stimulation of the good 
ear occurred with the BC receiver on the opposite mastoid than with it 
on the mastoid of the good side. 

The curve giving the average of the results in the two cases has an 
average ordinate of 3.4 db (decibels), or 3 db to the nearest unit, and 
this is the best figure giving the order of magnitude of the across- 
head difference. A typical point on this curve is obtained from eight BC 
threshold observations and its probable error is 1/+/2 of the probable 
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Difference 
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= 
1448 SPEECH 


Man age 48 


Frequency 


Fic. 2. Across-head differences in two cases from the data of Table I. 


error of a single BC observation. Since the latter is 3.1 db, as given be- 
low, the probable error of the curve is 2.2 db. This agrees with the 
average probable error computed from these observations only. 

The figure of 3 db and the existence of negative differences agree with 
general experience. For example, the 3 db magnitude is in agreement 
with the marked effect of unilateral noise upon the side at which a BC 
stimulus on the mid-line of the head seems to be heard. This small 
magnitude of the across-head difference shows that precaution in the 
test of the BC sensitivity of one ear should regularly be taken to pre- 
vent hearing in the other ear. This precaution would naturally take the 
form of a masking sound of suitable character and intensity in the other 
ear. Care in this regard was taken throughout this investigation. 


STATISTICAL ACCURACY OF BC OBSERVATIONS 


A number of observations of the BC threshold for one frequency and 
ear were made on a normal observer, interspersing other observations 
to avoid monotony. The result was that the probable error of a single 
BC observation by this observer was 3.1 db. This compares with 2 
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db (+25% amplitude) found by Fletcher and Wegel* for air conduction, 
The probable variation of a single normal BC observation from the 
average normal value was found from 12 normal cases to be 3.5 db 
as compared with about 6 db reported by Fletcher and Wegel for air 
conduction. So BC observations are less accurate, and the normal limits 
are narrower, making it necessary to take greater care in order to 
distinguish normal from slightly abnormal cases. Also the effects of 
room noise on BC observations are more serious, as will be shown 
later, and the magnitude of important BC abnormalities is much less 
than for AC. For these reasons a higher grade of work from a statistical 
standpoint and greater freedom from room noise are necessary in taking 
BC observations. 
TABLE II 


AVERAGE DIFFERENCE IN BC SENSITIVITY BETWEEN MASTOID AND FOREHEAD 
FOR NINE NoRMAL CASES 








Difference between Mastoid | Probable Deviation of 
Frequency and Forehead Single Individual 
Observations* from Average 

362 cycles 4+1.1db 3.2 db 

512 b+1.2 35 

724 1220 6.0 
1024 5+1.4 4.2 
1448 8+1.7 at 
2048 4+2.0 6.1 
Speech 7+0.7 1.8 


* These are average differences. That all are positive shows average sensitivity was greater 
on mastoid at all frequencies. The + quantities are probable errors. 


DIFFERENCE BETWEEN SENSITIVITY ON MASTOID AND FOREHEAD 


Observations of this quantity were made on nine cases of normal 
hearing between 22 and 29 years of age, of whom four were men. The 
results are given in Table II, and indicate that on the average the sen- 
sitivity on the mastoid is greater than on the forehead at all frequencies. 
The average difference for the six frequencies is 5 db to the nearest unit. 
Some individual observations showed greater sensitivity on the fore- 
head, partly bringing about the fairly large individual variation 
indicated in the third column. 

The average of values in Table II agrees satisfactorily with a cor- 


* H. Fletcher and R. L. Wegel, loc. cit. 1: see p. 562. W. A. Shewhart, Bell Sys. Tech. Jl. 
3, 43 (1924): see p. 59. 
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responding figure of 8 db found by Pohlman and Kranz’ with six 
observers considering their data at frequencies of 512, 1024, and 2048 
cycles which are in the same frequency range. 


A MEASURE OF MERIT OF VARIOUS INSTRUMENTS FOR 
TESTING AC & BC SENSITIVITY 


Any means of producing vibration of the skull also produces sound 
in the air, and is serviceable for testing bone conduction only if, under 
the conditions in which it is used, the sensation resulting from skull 
vibration appreciably exceeds that due to sound produced in the air and 
heard in the ordinary way. In particular, since ordinary observations 
of sensitivity are threshold determinations, it is necessary that when 
the BC instrument is producing threshold BC excitation, the AC shall 
be appreciably below audibility. To measure how many db below 
audibility the AC is under this condition is not practicable, but it is 
feasible to determine a quantity which is the same thing, neglecting 
non-linear overloading effects. What can be determined is the number 
of db the BC stimulus is above threshold when the AC (or other un- 
desired sensation) is sufficiently intense to be just perceptible, assuming 
the main BC sensation to be absent. 

The amount, expressed in db, by which any sound stimulus exceeds 
its threshold intensity has been designated by Steinberg® as its ‘“‘sen- 
sation level.’’ Using this term, we may say that one can find experiment- 
ally the BC sensation level when the sound produced in the air is just 
loud enough to be heard if it were present alone, (or any other pre- 
dominating complicating factor is just intense enough to be perceived 
alone). This quantity is a figure of merit for the instrument, and the 
name “margin” is proposed for it. The margin is of course a function of 
frequency and point of application of the instrument to the head, and is 
different for abnormal ears. For an instrument producing primarily 
AC excitation of the ear, such as an ordinary telephone receiver, the 
margin in an analagous manner is the AC sensation level at which the 
vibration of the skull is just sufficient to be heard as a BC sensation 
if the masking AC were not present. 

The margin of a BC instrument is likely to be limited at low fre- 
quencies by tactile sensation in the hand if the instrument is held by 
the person being tested. The extent of this effect is easily found by a 

7 A. G. Pohlman and F. W. Kranz, Ann. of Otology, Rhinology and Laryngology 35, 632 


(1926). 
8 J. C. Steinberg, Phys. Rev. 26, 507 (1925): see p. 508. 











288 JOURNAL OF THE ACOUSTICAL SOCIETY = [Ocr., 


test with another person holding the device. However, the excitation 
of tactile sensation at the point of application to the head at low fre- 
quencies is more difficult to isolate and is a suitable subject for research. 
At high frequencies the amount of sound in the air determines the 
margin, and observations are easily made. One method of getting 
the AC is to hold the instrument, suitably constrained, in the same 
position as for BC but just failing to touch the head, and another 
method is to hold the instrument against the head of another person. 
The BC receivers used had margins of about 30 db at 1024 cycles. The 
margin on the mastoid slightly exceeded that on the forehead, indicat- 
ing that in going from the mastoid to the forehead the AC decreased 
less than the 5 db decrease in BC reported in the preceding section. 

The margin of an AC instrument may be obtained by using an 
electric or acoustic stethoscope as a means of indicating the degree of 
vibration of the skull. With an electric stethoscope and meter the work 
would be quite simple. However, an acoustic stethoscope is sufficiently 
sensitive to give a sound (by AC) of the same order of magnitude as 
that heard by BC by the subject. Four observations are taken, viz: 
A, subject’s BC threshold using a BC receiver on mastoid; B, subject’s 
threshold with the AC instrument on the same side; C, threshold of 
stethoscope observer having stethoscope, say, on subject’s forehead 
while subject listens with AC instrument hearing a loud sound; D, 
threshold of stethoscope observer with stethoscope at same place 
while subject listens with BC receiver on mastoid. The difference 
A-D is the amount by which the sensation heard by the stethoscope 
observer exceeds the BC heard by the subject. The result A—B+C—D 
is the margin of the AC instrument for this subject, being independent 
of the properties of the stethoscope and BC receiver and of the ear sen- 
sitivity of the stethoscope observer. 

Using this method with one normal observer to test one receiver of 
the audiometer head set as used with auxiliary soft rubber caps, 
large margins were found at all half-octaves from 362 through 2048. 
The average margin for the six frequencies in this interval was 62 db, 
showing that the BC stimulation produced by such receivers is negligible 
for most persons tested. In cases of considerable impairment of hearing 
it may enter since the loss for AC is generally much greater than the 
loss for BC. 

Another method? of obtaining the margin of an AC instrument, not 


® The writer is partly indebted to Dr. J. J. Belemer of the Johns Hopkins Hospital for 
this method. 
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requiring the use of a BC receiver, is to locate threshold with the AC 
instrument pressed against the forehead, assuming that here it will 
produce approximately the same vibration of the skull as when at the 
ear. After this the instrument is pressed against the hand in about the 
same position, but nothing touching the head, and threshold again 
located, the settings showing whether the sensation heard in the first 
observation was by AC or BC. If it was BC, comparison of the first 
observation with the ordinary AC threshold gives the margin; if it was 
AC, a minimum figure for the margin is obtained. In this way large 
margins were found from 32 to 13,004 cycles, showing no difficulties 
except in testing rare cases of great loss of hearing. 


EFFECT OF TELEPHONE RECEIVER IN PRODUCING 
HEARING IN OPPOSITE EAR 


An important constant in tests of the ordinary air conduction 
sensitivity in cases where there is considerable difference between the 
two ears is the degree to which the telephone receiver produces hearing 
on the side opposite to where it is applied. This was investigated by 
Wegel and Lane!’ whose conclusions were criticized by Banister," 
but sustained by Lane’ who showed that the effect at the opposite 
ear was due to bone conduction. With receivers over both ears, using 
binaural best beats, he found 55 db difference on the two sides without 
soft caps and 62 db with soft caps, averaging results from 200 to 4000 
cycles on two observers. This means that a loud tone heard with a 
receiver at one ear is also heard by BC with the other ear at a sensation 
level which is this number of db lower. 

The two cases already described having complete deafness on one 
side were tested with the audiometer at a few frequencies to obtain 
data on the effect of an ordinary headphone in producing hearing in the 
opposite ear. For the man aged 48, using a canvas-covered metal head- 
band carrying two receivers with additional soft rubber caps, the 
difference in observations on the two sides was 50 db at 128 and 724, 
and 60 db at 5793 cycles per second.. The metal headband introduces 
the possibility of conduction by this route, but the results are of 
practical interest since such a band is commonly used in ear tests. The 
observations at the three frequencies average 53 db, so in any ordinary 
examination where the two ears apparently differ in sensitivity by 

10 R, L. Wegel and C. E. Lane, Phys. Rev. 23, 266 (1924): see p. 275. 


11H. Banister, Phil. Mag. 2, 144 and 402 (1926): see p. 160. 
12 C, E. Lane, Phys. Rev. 26, 401 (1925): see p. 405. 











290 JOURNAL OF THE ACOUSTICAL SOCIETY = [Ocr.,, 


about this amount, consideration should be given to the possibility 
that the test sound at the worse ear may have been heard by means of 
the better ear, whence the worse ear may be much less sensitive than 
indicated. . 

For the other case of total deafness on one side, a woman aged 34, 
using only one receiver with its additional soft rubber cap and holding 
it first on one side and then on the other, the thresholds differed by 
50 db at 128 and 724, 58 at 4096 and 55 at 5793. The average of these 
is 53 db. The conditions differ from Lane’s in that the opposite ear was 
not covered, a matter which is important in tests involving audition 
by bone conduction. 

This result would be expected to be equal the sum of the receiver 
margin and the across-head difference. For, the sensation level of BC 
heard in the ear where the telephone receiver is placed is less than the 
AC sensation level by the margin of the receiver, and the BC sensation 
level at the opposite ear, if it is not covered, is in turn less by the across- 
head difference. So the AC receiver produces a BC sensation level on 
the opposite side which is roughly 62+3=65 db fainter than the 
AC produced directly. This is probably in satisfactory agreement 
with the 53 db observed with the second case of total deafness on one 
side, considering the fairly large probable errors involved. 

These various results, from binaural best beats, from cases of total 
deafness on one side, and from observations of vibrations of the skull 
with a stethoscope, which are widely different classes of tests, agree 
in indicating that a telephone receiver with an additional soft rubber 
cap, when producing a sound about 60 db above threshold, also produces a 
vibration of the skull which could just be heard by itself. The effect of the 
presence or absence of auxiliary soft receiver caps, the acrosshead 
difference, and the effect of covering the opposite ear are much smaller, 
the best figures from all data being 7, 3, and probably 5 db for the three 
quantities. Covering or stopping up the ear apparently increases the 
BC sensitivity. This will be discussed later. 

The value of about 60 db for the margin of a telephone receiver with 
auxiliary soft rubber cap tends to corroborate the results of H. Ban- 
ister who found no evidence of transmission through the head of a 
sound falling upon one ear by air conduction, there being no apparatus 
in contact with the ear. That is, for normal hearing as in everyday life, 
he found no evidence of transmission through the head. The present 
work would indicate that under these circumstances the sensation level 


13 H, Banister, loc. cit.!! 
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at the distant ear due to sound passing through the head would be less 
than the AC sensation level on the first side by an amount substantially 
greater than 60 db. Such slight transmission is negligible as a factor 
in the localization of sound. Its magnitude could probably be deter- 
mined with an electrical stethoscope if desired, since it is bone con- 
duction. 


BEATS INVOLVING BONE CONDUCTION 


With two audiometers producing nearly equal frequencies, each 
supplying a separate BC receiver, beats were heard with the two re- 
ceivers held at any points of the head. A striking example was with one 
receiver on each mastoid. These observations of beats with the re- 
ceivers at various positions were made by one normal observer at 
128,512 and 2048 cycles. Care was tken to avoid audible AC by not 
exceeding the margins of the receivers for the particular positions. 

With one BC stimulus and one AC, beats were heard at all frequencies 
from 64 through 8192 cycles. The BC receiver was held on the forehead. 
Localization of the beating sound, upon interruption of either source, 
was clearly to the point where the interrupted source was re-applied, 
but became indefinite after probably 15 seconds without interruption. 

These results and the generally known results with AC beats may be 
summarized by saying that beats are heard whenever two stimuli of slightly 
different frequencies reach one ear, whether either is by AC or BC. 

This statement includes the objective binaural beats investigated by 
Lane, which are caused by the intensity in a head receiver exceeding 
the margin of the receiver, and crossing the head by BC to the other 
ear where beats occur between this tone and another of almost equal 
frequency and moderate intensity applied by AC. Lane’s subjective 
binaural beats are not included as in this case neither sound reaches 
the other ear. This is a different effect which is of interest in connection 
with the binaural localization of sound. 

If subjective binaural beats, central binaural masking, and the 
Stenger phenomenon which will be discussed later, are excluded, the 
results of all beats and masking observations, whether involving AC 
or BC or both, may be combined into one statement that for either 
beats or masking to occur the two frequencies involved must reach the 
same ear. That is, both beats and masking of the ordinary kinds require 
the occurrence of an action in the ear, rather than in the brain. This 


4 C, E. Lane, loc. cit.!. 
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statement is in accord with the explanation of masking by Wegel and 
Lane" as due to effects in the cochlea of the ear. 


Wuy BC SENSATIONS OFTEN SEEM.IN ONE EAR ONLY 


A considerable proportion of all persons with impaired hearing per- 
ceive all BC sensations as coming from one ear only, despite the fact 
that the other ear has demonstrable sensitivity or is often actually 
normal. It is not a case of some sensation in one ear and a greater or 
less sensation in the other ear, but of absolutely all sensation appearing 
to come from one ear. The effect is essentially one of hearing a sound 
with both ears but being conscious of a sensation only from the louder 
side. The same effect is observed with air conduction under various 
circumstances, and further on in this section a general statment cover- 
ing both will be given. 

One of the cases of air conduction in which this effect is observed is 
the Stenger test'® which is used by ear specialists to determine the 
genuineness or falsity of claimed total deafness on one side. The person 
being examined is blindfolded and the sensitivity of the good ear 
checked with a tuning fork. Then the fork, vibrating with a moderate 
amplitude, is held close to the “‘bad” ear after which another similar 
fork is gradually brought up to a moderate distance from the good ear. 
The person is asked if he hears anything. If he is really deaf in the 
“bad” ear as claimed he will reply that he hears a sound at his good 
ear due to the fork held at a moderate distance on that side. But if his 
hearing is good on both sides he will reply that he hears nothing, 
because all the sensation which he perceives appears to be in his 
“bad” ear at which he denies hearing anything. So with this test an 
affirmative answer shows the claim of deafness on one side to be gen- 
uine, and a negative answer shows it to be false. The explanation as 
already suggested, is that a person with normal hearing listening to a 
moderately loud tone with one ear cannot notice an otherwise audible 
fainter tone of the same frequency at the other ear as long as there are 
no abrupt changes in the intensity of the fainter tone. 

It may be noted parenthetically that this Stenger test phenomenon 
is not masking in the sense that the term is generally used, for in the 
present case the fainter sensation is perceptible if its intensity is quickly 
varied, while in masking, both monaural and binaural, the fainter sound 


18 R. L. Wegel and C. E. Lane, loc. cit.!° 
16 See for example Robert Sonnenschein, Annals of Otology, Rhinology and Laryngology, 
June 1924, pp. 442-444. 
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is entirely imperceptible and interruptions of it cannot be detected 
by the observer. This remark answers the objection of Minton!’ who 
advanced the Stenger test phenomenon against the masking conclusions 
of Wegel and Lane."* 

To make further tests of localization of AC stimuli under circum- 
stances similar to BC, the circuit shown in Figure 3 was connected, 
the headband carrying two ordinary audiometer head receivers. 
Here the frequency throughout is controlled by the oscillator of the 2-A 
audiometer. The attenuator of the 1-A alters the intensity in one 
receiver only, so that with the two attenuators any desired intensities 
can be obtained. Observations with a few observers of normal or practi- 
cally normal hearing gave results bearing out the Stenger tuning fork 







2-A Audiometer 









1-A Audiometer 


Fic. 3. Circuit for study of localization of sounds of same character at the two ears. 


Amplifier 


tests mentioned above. At all the octaves from 64 to 4096 a change in 
intensity of 10 db or less was sufficient to change the localization from 
one side completely over to the other side. At 8192 the necessary change 
was greater than 10 db. These figures are changes in the setting of 
the attenuator of the 1-A audiometer, the setting of the 2-A remaining 
constant. The difference between the two ears at complete lateral- 
ization is half of the amount given for the total change from one side to 
the other, and thus was 5 db or less at all frequencies from 64 to 4096 
inclusive and greater than 5 at 8192. In all tests with this apparatus 
the intensity was not great enough to give rise to. any BC effects. 

Using a phonograph with electromagnetic pickup in place -of the 
2-A audiometer, similar observations were made with speech. Ten 
decibels variation of intensity was more than enough to change the 
localization from one side to the other. By scratching the phonograph 


17 J. P. Minton, Phys. Rev. 22, 506 (1923): see last paragraph of the paper. 
18 Loc, cit.!° 
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needle a noise was obtained and similar results were found. However, 
using instead two Barany noise devices, (which are like small alarm 
clocks without a gong making a rapid clicking sound), one supplying 
noise (AC) to each ear, no localization occurred even with large intensity 
differences, the observer having a clear realization of both sounds, one 
at each ear. This is thought to be chiefly due to the clicks coming at 
different times on the two sides, an effect to which the ears are very 
sensitive,!® and possibly also slightly due to a small difference in the 
quality of the clicks on the two sides. 

Now in the tuning fork observations of the Stenger test phase cannot 
be controlled since the forks are struck at different times and also some 
continuous change of phase occurs due to the unavoidable slight differ- 
ence in frequency. So it appears that the effect occurs when there is 
identical or nearly identical frequency content in the two sounds and, 
in the case of disconnected sounds, such as speech and clicking noises, 
when there is also simultaneous presentation at the two ears. A general 
statement of the effect, based upon all the available information, which 
is unfortunately meager, may read as follows: 


If a source of tone is applied at one ear and then another source of tone 
having the same frequency or very nearly the same frequency is made to 
produce a gradually increasing intensity at the other ear but not greater in 
sensation level than about 5 db below the sensation level on the first side, or 
if the two sounds are of intermittent duration such as speech or noise but 
identical character and equally timed on the two sides, then the observer 
depending only on auditory sensations will not know that there is a sound 
on the fainter side. If there is abrupt variation in the intensity on the fainter 
side, a sensation on this side will be perceived but will disappear in a 
fraction of a minute leaving the localization of all sensation as on the side 
of the louder sound, 

Since the fainter sound is noticed when its intensity is varied and is 
easily heard when the louder sound is removed, it is natural to assume 
that this ear similarly transmits a sensation to the brain when the 
localization is to the other ear, and therefore that the phenomenon is 
due to actions in the brain, a type of binaural central masking. The 
conditions have some similarity to those in the binaural localization 
of sound.”° In both cases there is sound at both ears and the observer 


19 A. L. Bennett, Phys. Rev. 29, 911 (1927). 

20 The following papers deal with binaural localization: G. W. Stewart, Phys. Rev. 15, 
425 (1920); R. V. L. Hartley and T. C. Fry, Phys. Rev. 18, 431 (1921); R. A. Firestone and 
D. L. Rich, Phys. Rev. 33, 634 (1929). 
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assigns a single position to the source. However there are two important 
points to bear in mind, namely (1) that the phase and intensity con- 
ditions in these observations generally differ from those usually occur- 
ring in ordinary life as a result of sound propagated from a single source, 
and (2) that with pure tones binaural localization is not found above 
about 1000 cycles per second while the present phenomenon was 
noticed up to 8192 cycles, the highest frequency tried. 

Hearing by bone conduction often meets the conditions of the general 
statement made in italics above. With pure tones, as used in most 
testing, the frequencies reaching the two ears are identical. If one 
ear differs in BC sensitivity from the other by the necessary small 
number of decibels, then all conditions are satisfied and the entire BC 
sensation is localized in the ear where the greater sensation originates. 
The fact that BC sensations often seem in one ear only is therefore 
explained to the extent that it is a case of a general phenomenon 
observed under various other conditons. 

An auxiliary test threw an interesting side light on this view of BC 
lateralization. This consisted in observation of the effect of the moder- 
ately loud noise of a Barany device in one ear upon the lateralization 
of a single frequency BC stimulus by a normal observer. It was found 
that the sensation shifted to the quiet ear immediately upon the in- 
sertion of the device.”! In some of the observations the noise device was 
applied on the same side as the BC instrument, and the sensation found 
to change to the quiet side in the same way even though this made the 
tone appear to be on the opposite side to where the BC instrument 
was held. The general situation in these observations is that there is a 
single frequency BC stimulus at each ear of equal or nearly equal 
intensity and at one ear there is also a noise introduced by AC. The 
resulting complete lateralization of the tone to the quiet side indicates 
that the greater ‘‘net tone sensation’ from the side where there is no 
masking is the controlling factor, and the lateralization in the brain 
occurs on this basis. This is important in its bearing on the effects of 
room noise in some cases, which will be considered in the next section. 


PROBLEMS OF ABOVE NORMAL BC AND EFFECT OF OCCLUSION 


The data and conclusions which are given above have important 
bearings on the question of increased BC sensitivity said to be brought 
on by abnormality or occlusion of the ear canal. The abnormality or 
occlusion may be any condition blocking the ear canal or loading the 


21 Similar observations, using tuning forks only, have been made by A. Kreidl and S, 
Gatscher, Monat, f. Ohrenheilkunde 59, 938 (1925). 
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ear drum or ossicles. Merely closing the ear with the finger produces a 
striking apparent increase in the BC sensitivity. The question arises 
whether these apparent increases of sensitivity are due to the ear actu- 
ally being more sensitive in perceiving BC vibrations, or to some other 
reasons. 

The most important other reason which might account for apparently 
above-normal BC resulting from abnormality or occlusion is room 
noise. Such noise would increase the threshold observation of normal 
observers, causing the figures taken as normal to be wrong. Then an 
abnormal case with AC impairment on both sides, not hearing the 
room noise, will give observations indicating greater sensitivity with 
respect to normal than is correct. With unilateral impairment in the 
abnormal case a more complicated situation arises involving the 
lateralization of the BC stimuli. 

With occlusion the conditions are fairly similar, except for the 
additional difficulty that the occlusion keeps out the room noise on the 
particular side besides altering the condition of the ear. Apparent 
increases in BC sensitivity are observed by normal ears with all kinds 
of occlusion, for example upon closing the ear with the finger, with 
cotton and vaseline, by covering the ear with a disconnected ordinary 
telephone receiver, by insertion of the tip of a stethoscope, and especial- 
ly by filling the ear with water. Some of these effects are large, and 
would lead one to ascribe them to an actual increase in BC sensitivity. 
However, the difficulty of noise remains and work in a really sound- 
proof room is needed to answer the question definitely. 

The likelihood that room noise influences observations of normal BC 
sensitivity which serve as a standard has led to the advocacy by some 
otologists of making BC tests regularly with occlusion.” This appears 
to reduce or eliminate effects of room noise and of the condition of the 
middle ear, and so to give a direct test of the condition of the nerves. 
In view, for example, of the important effect of noise on the lateraliza- 
tion of BC stimuli reported above it would seem that this so-called 
“absolute” or “ideal” BC test should receive considerable attention. 
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ELIMINATION OF NOISE IN MACHINERY 


By A. L. KIMBALL 


Research Laboratory, General Electric Company 


INTRODUCTION 


The subject of this paper is a very broad one indeed. A few of the 
fundamentals are presented first, after which they are illustrated by 
examples. The author’s experience in this field is mostly with rotating 
electrical machinery as will be inferred from the character of the 
illustrations here given. 


DIRECT AND INDIRECT NOISE 


By direct noise is meant that which is radiated directly from the 
exciting source into the air, as shown in Fig. 1 for an electric motor. 





Fic. 1. Direct Noise. 


Fig. 2 shows a case where a motor is causing indirect noise. The 
sound does not pass directly from the motor into the air but travels 
from the feet of the motor into the foundation whence it may be con- 
ducted to some remote part of the surrounding structure and perhaps 
be radiated out from certain walls which happen to resonate. A motor 
in the basement of a hotel may cause a very disturbing sound in 
certain rooms on the top floor. 


NoIsE ELIMINATION 


The means of elimination of disturbing noises from machinery may 
be classified under the three following headings: 
(1) Elimination of exciting cause at source. 
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(2) Screening and absorption. 
(3) Isolation through elastic suspension. 

The most satisfactory means of prevention fall under heading (1). 
If the sound can be eliminated at the source it is evident that neither 
direct nor indirect noise can exist. In many cases, however, either 
practical considerations, or perhaps a lack of sufficient fundamental 
knowledge of the cause of the noise prevents the achievement of this 
ideal. For instance, an alternating current electric motor may be 
designed so as to be almost perfectly quiet, but its weight per horse 
power is necessarily large, because enough iron must be used so that the 


Motor 
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Fic. 2. Indirect Noise. 


magnetic flux densities will be relatively low. In the case of the 
cheaper lines of motors, competition operates to reduce to a minimum 
the materials employed, resulting in high flux densities, with the pres- 
ence of more or less magnetic noise. 

Of the two remaining subdivisions, (3) will be discussed in particular, 
since noise elimination through elastic suspension is a subject with which 
the author has had some experience. Furthermore, its basis is not gener- 
ally understood, even by those who are in the business of selling sound 
absorbing cushions for machinery. 

Under heading (2) fall such means as sound filters and traps and the 
broad field of sound absorption through reflection from baffles. It is 
interesting to note that under this heading comes the whole field of 
direct noise elimination. It is clear that the elastic suspension of a 
sounding body will not reduce a direct noise such as a magnetic whistle 
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from a motor. Conversely, it is evident that no amount of screening of 
the source will reduce an indirect noise like that illustrated in Fig 2. 

Thus under heading (2) are treated cases of direct noise, while under 
(3) comes the indirect noise. 

It is also interesting that indirect noises are usually of relatively low 
frequency, under 200 cycles a second, while the direct noises are made 
up of far higher frequencies. The high frequency magnetic noises come 
off of the motor into the air as do brush friction noises. The lower fre- 
quency magnetic noises are of the character of hums which are not heard 
at all if the motor is hung on the end of a long spring. The hum may be 
very loud if the same motor is placed upon a wooden table. 


Fcos wt 





Fic. 3. 


ELIMINATION OF INDIRECT NOISE THROUGH ELASTIC SUSPENSION 

This brings me to the primary subject of this paper, that is, the 
elimination of indirect noise through elastic suspension. 

A simple outline of the basic theory involved will now be presented 
as this is essential for the understanding of what is to follow. For a 
more complete discussion see articles by C. R. Soderberg.’ 

The problem is to find the cushioning effect of a spring suspension 
in the case of a mass acted upon by a given periodic force. The cushion- 
ing effect is measured by what is called the transmissibility factor, which 
is defined as the ratio of the force amplitude transmitted to the base 
through the spring to that transmittted when the spring is replaced by a 
solid support, or what amounts to the same thing, to the amplitude of 
the applied force itself. Expressing mathematically, 


a co 
transmissibility = rs = € (1) 


where yo = amplitude of motion of the mass m, supported by a spring of 
elastic constant c and acted upon by the periodic force F cos wt as shown 
in Fig. 3. 


1C. R. Soderberg: See articles in Electric Journal, beginning with January, 1924. 
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The differential equation of the motion of this mass is 
m—-+ cy = —F coset. (2) 
Solving this equation for the steady state of vibration, 
me 


p= cos wh 3 
, m(w,2 — w*) (3) 








a Yo COS wt (4) 
where w, = +/c/m 
Comparing (3) and (4) and substituting in (1), 
CVo We? 1 
transmissibility « = - oR eevcinencens i -~ (5) 


w? — w,? r2>— 1 





where r = exciting force frequency/natural frequency. 
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Fic. 4. Transmissibility Curve. 


A curve of equation (5) is shown in Fig. 4 which gives e plotted 
against r. It is seen that for all values of r less than unity, ¢ is greater 
than unity or the spring suspension does more harm than good. For 
the support to be really effective, r should be at least 3, giving «= § or 
less. In some applications r must be as large as from 6 to 7 giving 
€=z 5 to qs. 

ILLUSTRATIONS 

The most common objectionable noise from electrical machinery is 
the 120 cycle hum of twice the 60 cycle alternating current frequency. 
This sound is produced by the alternating magnetic flux in the iron 
magnetic paths, and is therefore of twice the electrical frequency, 
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there being one pulsation of magnetic pull for each half of the electric 
current cycle. This hum is characteristic of all transformers. It appears 
in a very objectionable form in all single phase motors through an in- 
herent torque periodicity of twice the current frequency.2 The torque 





Fic. 5. Mutual Periodic Torque Reaction. 


pulsation is roughly proportional to the magnitude of the armature 
current. This means that for small motors such as are used in domestic 
applications where the exciting current is of the same order as the full 
load current, the torque pulsation has an amplitude of the order of the 





Fic. 6. 


full load torque of the motor even when the motor is running without 
load. Fig. 5 shows the mutual torque reaction between rotor and 
stator such that both stator and rotor oscillate about the axis of the 


2 A. L. Kimball & P. L. Alger: Single Phase Motor-Torque Pulsations, Trans. A.I.E.E.— 
1924, p. 730. 
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rotor through a small angle, whose magnitude depends upon the torque 
amplitude. In the case of the rotor this motion is superimposed upon 
its constant rotation. Consequently when placed upon a table or 
wooden platform a decided hum is produced through the periodic 
reaction of the feet of the motor on the wooden surface. 

Fig. 6 shows an elastic suspension designed to reduce the trans- 
mission of the torque pulsation with an attendant decrease in noise. 
Each end casting of the motor casing has a boss machined on it outside 
of the bearing and fitted intoabrass ring. These rings are carried on 
radial springs, as as shown in the figure, which carry the entire weight 
of the motor, stator and all, and permit a certain torsional flexibility. 


| 


+> fo 


fy 


Fic. 7. Elastic Suspension of Refrigerator Pump. 


The springs are so chosen that the natural period of torsional vibration 
of the stator about its axes is about 18 or less than § the 120 cycle 
exciting frequency, thus giving a transmissibility factor of less than 
1/35. 

It is to be noted that the simple theory of elastic cushioning just out- 
lined, although developed for a linear vibration of a mass, is here applied 
to a torsional vibration excited by a periodic torque. 

It is easily verified that the formula (5) must be applied separately 
to each degree of freedom which the elastically supported body may 
have. This is indeed a very important consideration and the use of the 
theory given may result in failure if this is not looked out for. 

An interesting case of the successful elastic cushioning of a mass hav- 
ing several degrees of freedom is that of the pump of the present 
General Electric refrigerator. When the outer casing is removed, the 
pump will be found to be supported on 3 springs about 120° apart as 
shown in Fig. 7. It has three definite degrees of freedom, each 
characterized by a particular frequency, namely a torsional oscillation, 
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fi, a side swing, f2, an up and down bounce, f;. There are two possible 
vibration and noise stimuli present, whose transmission must be 
reduced, namely, an exciting force in period with the stroke of the pump 
of 1725 r.p.m. and a certain amount of the magnetic 120 cycle hum. 

The three natural frequencies f,, f2, and fs are all well below 1725 
per min., and very little vibration and noise is transmitted Since 
the frequency of the magnetic hum is considerably above the pump 
frequency, this vibration is the most effectively cushioned of the two. 





Fic. 8. 


It is also the important one, because a persistent hum is a much more 
serious matter in a piece of domestic apparatus than a slight quiver of 
low frequency. The exciting forces are primarily torsional about a 
vertical axis, so that the up and down and sideways motion are not 
essential in this suspension but come in incidentally. The three spring 
suspension has an advantage of great simplicity. 

An improved form of mounting which gives good results in the case 
of the double frequency hum of small single phase motors is the use of 
a pair of rubber rings in place of the springs, as shown in Fig. 8. 
The rubber is seen to be in a layer between the two brass rings. These 
rings are substituted in place of the radial springs. The figure also 
shows a motor with the rubber ring mountings. This mounting has 
decided advantages over the corresponding one of steel springs. It is 
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more compact, of greater simplicity, and gives a much greater stiffness 
transverse to the shaft, so that belt pull is easily carried. If a high 
grade rubber is used it will maintain its elasticity for many years. 

Other forms of rubber mounting are on the market, for single phase 
motors, but this is the most effective one the author is familiar with. 

Cork and cork compounds are successfully used for noise elimination, 
but with cork, as with rubber and steel, good cushioning is obtained only 
by reducing the natural vibration periods as specified by the theory 
given. One way of lowering the natural period of the system is to put 
the machine which gives trouble on a mass of concrete. Again, a con- 
siderable thickness of cork may be used over small areas of the base so 
it is sufficiently loaded. A fault, in the use of cork in the past, has been 
not to load it heavily enought to get real cushioning action. 

Another factor, which may entirely vitiate the application of the 
above theory is the stiffness characteristic of the floor itself on which the 
machine is placed. The floor has both mass and stiffness, and together 
with a vibrating motor will constitute a compound vibration system. 

The above outline may serve as a guide to the prevention of noise 
and vibration in machinery in certain cases, but in practice, the con- 
ditions are often not as simple as here given, and a special study will be 
necessary. 
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SOUNDING SURFACES 


By Ernst PETZOLD 


Staatsbauschule Zittau, Germany 


Our knowledge about sound sources is in many respects incomplete 
Rarely do we connect our acoustical calculations with a point source, 
because this is practically non-existent. Therefore it may not be useless 
to direct our attention to this question. 

All our sound sources are solid bodies, emitting sound rays from their 
surfaces. Only a few rays are emitted from gaseous columns, as with 
all the wind instruments, where the portion of sound rays is small. 
This we may observe in blowing a flute with all the holes open, and 
with all the holes shut. The pitch of both the tones is altered about a 
semitone, but the loudness is heard as the same, although vibrations, 
with all the holes open, are transmitted throughout the holes (Fig. 1). 
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Fic. 1. Sound spreading out from the holes of a flute. 


Let us assume that the same amount of energy of sound may go out 
from different sound sources, so that the “sound power” may be the 
same in all cases. Experiments show that the loudness, i.e., the ef- 
ficiency of the sound on our sense of hearing, varies with the extension 
of the vibrating surfaces. Inversely, when we perceive the same loud- 
ness from different sound sources, the emitted rate of energy of sound, 
and with this the “sound power,” is not the same in every case. 

Every point of a sounding instrument emits sound rays. Dividing the 
sound power (e) by the surface (f), we obtain the surface-loudness 
(L), so that L 


This is a very important factor concerning the nature of sound 
sources. If the surface of a musical instrument is 100 dm? and if its 
sound power is 10,000 units, the surface-loudness is 100 units, while 
for the same sound power but with the surface only 6 dm’, the surface- 
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loudness is 1667 units. The unit of the surface-loudness is called a 
tone 17).* 

From a sound source with a small surface, the sound spreads out 
differently than from one with a large surface. Every point is similar 
to acenter, from which the sound is sent out in radial parks, as is shown 
in Fig. 2. Assuming our organ for hearing to be only a point, from 
every sounding point only one sound ray strikes it. Since, however, 
our ear has some area, it receives more rays than the figure shows, but 
only a small part of the total rays. 

While it is true that we hear in or with the ear, nobody says “I am 
hearing the violin in my ear,” but “I hear the whistling on the street.” 
We always project the sound we hear to the point of its origin, or into 

e 


° 


A A , 


Fic. 2. A. Sounding surface. a, b, c, Fic. 3. A. Sounding surfaces. e. ear. 
d. Sounding points e. Ear. 


A 


the direction from which the last part of the sound ray is striking the 
ear. Therefore we not only may decide the direction, where the sound 
source is to be found, but also its area. The manner in which we hear 
the sound of the same intensity, proceeding from two sound sources 
of different area, is shown in Fig. 3. The density of the sound rays 
is large, if the surface of the sound source is very small. 

The effect of great surface-loudness is in many ways similar to that 
of a great candle-power, so that we may name this phenomenon the 
“sound-dazzlement.” When we say, a trumpet has a dazzling timbre, 
in that case the surface-loudness is of important influence. Generally 
the timbre of organ pipes may be classified as conveying, filling, and 
sharpening. With the surface loudness as a characteristic we then 
find the following table,—Fig. 4: 


* Petzold, Elementare Raumakustik p. 38, Berlin 1927. 
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No. surface-loudness energy of sound timbre 
small great conveying 
small small filling 

3 great small sharpening 

+ great great dazzling 


That is, the relation between surface-loudness and energy of sound 
is not the only characteristic of the timbre of an organ, but it is an 
important one. 

The diaphragm of a microphone receives the current of sound in 
nearly the same manner as our ear. The vibrations of the diaphragm, 
transferred to a telephone, headphone, or loudspeaker, spread out 
sound rays in a different manner than the sound source itself. The 
surface-loudness is falsified. This is one reason why music and other 
sounds heard in telephones and similar instruments are not of the 
same quality as the sounds of the original instruments. 

For the acoustics of buildings, it is to be remarked that a limited 
plane produces different reflections of sound rays, according to the 
surface of the sounding instruments, as shown in Fig. 5. In A the 





Fic. 5. Sounding bodies of small (A) and large (B) surface. C. sounding 
surface. D. reflecting planes. 


sounding body C is small, but in B, large. The difference may be seen 
distinctly from the dotted rays in the figure. Generally we may say, 
the physical laws of reflection are observed more markedly by a sound 
source with a small surface. Therefore talking picture theaters have to 
be designed in other ways than operas, regarded from the acoustical 
point of view. 

Curved walls as reflectors are especially objectionable, if the sounding 
bodies have only a small surface. The larger the surface of the sounding 
instrument, the more the sound is scattered after being reflected. 
This is true for all shapes of reflecting surfaces. 

From a point source, sound spreads out in a spherical manner. Not 
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so from a source having a large surface. In the latter case the sound 
waves are to some extent more or less plane (fig. 6). This is an im- 
portant reason why the intensity is not inversely proportional to the 
squared distance of the hearer from the sound source. According to 


Fic. 6. Sound waves. A. point sound source. B. sounding plane. 


their shape, the sound waves of B after the reflection naturally have 
another shape than those of A; as shown in Fig. 7. 

One must especially notice that interferences, with their dead and 
loud curved spots, are not distinctly developed from sound sources 
of large area. 

Talking picture theaters sufficiently prove that a room of satisfactory 
acoustics, with the sound source of large surface, changes into a room 
of faulty acoustics if the sound comes from point sources. In such cases 





Fic. 7. Reflected sound waves. A. point sound source. B. sounding 
surface. C. primarily wave. D. reflected wave. E. reflecting wall. 


an improvement of the acoustics often takes place by enlargement of 
the sounding surface by means of resonating boards, as described in 
“Elementare Raumakustik.”* 

The intention of this article, with its short explanations, is to hint at 
the quality of sound sources, until now not considered. Therefore the 
explanations are not complete, but serve merely to call attention to 
the possibilities in this connection. 


* Lc., p. 116. 





